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ABSTRACT

This paper describes the characteristics and in-
system performance of a compact feed-forward gain
block which is applied in much the same way as
conventional hybrids.

The feed-forward approach toward increased
linearity and output capability yields a high
return on an investment in cost and power con-
sumption.

Detailed analyses are performed with respect
to trunking, distribution and general system up-
grading. Operation with various degrees of tilt
and output level is evaluated.

The feasibility of combining feed-forward
blocks with normal hybrids is discussed. The
data presented allow the system designer to make
performance and cost comparisons with alternate
approaches.

In conclusion, mechanical and thermal aspects
are discussed. A prognosis for future develop-
ments in the area of integrated feed-forward
amplifiers is given.

INTRODUCTION

The feed-forward type amplifier established
itself as the deluxe model of CATV amplifiers. As
such it found a niche for special applications.

Recently, however, feedforward has become an
appealing solution for a wide range of applications.
Bandwidth extensions, coupled with increased chan-
nel loading, have pushed the requirements for nor-
mal hybrid performance to the limits. In more and
more cases the feed-forward approach offers a
technical solution on a broad front.

In general, a trunk or line-extender ampli-
fier can be realized from a combination standard
hybrid and feed-forward circuit. Using volume
price projections, the cost ratio between a conven-
tional amplifier (two hybrids) and a feed-forward
system (one hybrid plus a feed-forward block) is
1:3.5. The ratio of power consumption is 1:2.5.

To put these numbers into perspective, one must
realize that the feed-forward gain block has the
same output capability as at least eight normal
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hybrids in parallel.
In the following the performance and construc-
tion details of an integrated feed-forward gain

block are discussed.

A FEEDFORWARD GAIN BLOCK

Trunk Performance

The excellent distortion characteristics of
the feed-forward amplifier may be used to extend
the trunk length, to increase station spacing or to
minimize distortion. Depending on the design ob-
jective, the feed-forward block is combined with a
second block, or with a standard hybrid, to form a.
station amplifier. A computer analysis of the max-
imum trunk reach was performed, since this is a
useful figure of merit.

Figure 1 shows the characteristics of the var-
ious gain blocks used in the analysis. FFl is the
currently available feed-forward block. FF2 is an
anticipated second generation device. G22, Gl8 and
Gl2 are standard hybrids.

FFL FF2  G22  Gl8  Gl2
Gain (450) 24 28 23 19.5 12.5
Gain-Slope 1 1 1 1 1
NF (450) 8 7 6 6 6.5
NF-Slope 1 1 1.5 1.5 1.2
CTB* ~75 -75 -58 -59 ~-57
CTB-Slope 7 7 9 9 7

* CTB = 60 CH @ H22 46d4BmV flat
all numbers are dB values
Figure 1. Gain Block Characteristics

The analysis assumed the following station
amplifier characteristics:

Flat input loss = 2dB

Flat interstage loss = 10dB

Pre~amp operated with flat output
Post-amp output tilted with equalization
before and after pre-amp, as required.
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The trunk specifications are CTB = -59dB,
CNR = 43dB, minimum performance at any channel. The
analysis was performed for output tilts in steps of
1dB. It was stopped, when a further increase in
tilt did not yield a reach increase.



The results of the various computer runs are
tabulated below. In order to preserve space, only
the values of zero, maximum, and 6dB tilt (if
applicable) are quoted. The reader is invited to
study the performance and draw conclusions.

G18 + G1l8 (27dB Spacing)

Tilt (dB) V (dBmV) Cascade Reach (dB)
—_— —out

0 32.5 20 540
6 33.4 24 648
9 33.9 27 729

FFl + FrFl (36dB Spacing)

Tilt (dB) V (dBmV) Cascade Reach (dB)
——— -out

0 42.0 15 540
6 43.0 19 684
12 44.0 23 828

FF2 + FF2 (44dB Spacing)

Tilt (dB) V (dBmV) Cascade Reach (dB)
—out

0 45.5 6 264
6 46.5 8 352
13 47.7 11 484

Gl2 + FFl1 (24.5dB Spacing)

Tilt (dB) V ut(dBmV) Cascade Reach (dB)

Y5
0 34.6 66 1617
2 34.8 70 1715

G18 + FF1l (31.5dB Spacing)

Tilt (dB) V (dBmV) Cascade Reach (dB)
—_— —out

0 36.9 41 1291
4 37.4 46 1449

G22 + FFl (35dB Spacing)

Tilt (dB) V (dBmV) Cascade Reach (dB)
—out:

0 39.7 21 735
6 40.4 25 875
9 40.8 27 945

Gl2 + FF2 (28.5dB Spacing)

Tilt (dB) N (dBmV) Cascade Reach (dB)
_— —out

0 36.3 51 1453
2 36.6 55 1567

Line Extenders

In line~extender and bridger applications, the
feed-forward circuit allows operation at very high
output levels. Because of this, more taps with
high tap loss and low insertion loss can be used,
thereby extending the amplifier spacing and sub-
stantially increasing the number of subscribers
served per amplifier.
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Figure 2. CTB Versus Flat Output

Figure 2 shows CTB as a function of output
level for the amplifier type FF1l. The curve would
also pertain, approximately, to a combination of
FFl with any standard gain block type, since the
pre~amp CTB contribution is less than 1dB.

A CTB requirement of -66dB for line-extenders
is common. There should be a "headroom" of 3dB in
output capability, corresponding to (theoretically)
-60dB CTB. Because of deviations from the "two-for-
one" law at high output levels, the maximum output
voltage must therefore be limited to a value 3dB
below the point at which CTB is -60dB. For a flat
spectrum this level is 48dBmV. As shown in Figure 3,
a 9dB tilt raises the maximum output to 51dB and
improves the low level performance by 10dB. This
welcome phenomenon can be understood readily by re-
cognizing that tilted operation results in reduced
total power to be handled by the amplifier, thus
providing more headroom.

Since, further, a modulated TV signal has less
power than the carrier (peak-sync) power used for
CTB testing, it is to be expected that under real
life conditions the overload point is moved to even
higher output levels. To investigate this possi-
bility, a test set-up was assembled which allowed
the measurement of CTB caused by fully modulated
signals. Refer to Figure 4. The analyzer was used
as a receiver (Zero-Span, Linear Mode) with its
video output fed to a wave-analyzer, which measured
RMS signals in a wideband or 20Hz narrow band mode.
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SIGNAL SPECTRUM SELECTIVE
GENERATOR ANALYZER LEVEL METER
Figure 4. Special CTB Test Set-Up

Figure 5 shows the composition of the video signal
analyzed. By subtracting noise and crossmodulation
sidebands from the composite signal, the CTB com-
ponent was derived. The results are shown in
Figure 6. In hindsight the outcome is gquite plau-
sible. Since all 59 interfering carriers were
synchronously modulated by a symmetrical squarewave,
CTB components were generated only during half of
the time. Thus the CTB power is halved, regardless
of output level. Therefore, one may conclude that
synchronous modulation reduces the value of CTB
noise, but does not change the overload point. The
situation of synchronous modulation has a low proba-
bility in real life. All synchronization pulses
would have to occur at the same time. It is more
likely that the amplitudes of all video signals
involved are different from each other. Making the
simplifying assumption that each signal has a ran-
dom value between 0 and 1 (= ummodulated carrier),
the RMS triple beat noise is 7.2dB below the value

measured with all signals at full carrier amplitude.
For this case both a CTB improvement and an in-
crease in overload threshold is expected. The va-
lidity of this prediction could only be established
by a viewer test. It appears to be not unreasonable
to expect an improvement in headroom of at least
3dB.

Operating a line-extender at very high output
levels requires consideration of certain inter-

relations:

The spacing between line-extenders is given

by
s i = -
pacing Eout Emin
where
E - R
out Output capability
and
Emin = Minimum level on the distribution
cable, typically 16dBmV
/4
/
NOISE CTB + NOISE FIRST SET OF

CROSS MODULATIDN
SIDEBANDS

Figure 5. Video Signal

A line extender with an output capability of
51dBmV will therefore need a gain (spacing) of 35dB.
The losses between amplifiers can be divided into
flat loss (from taps) and cable loss. Using typi-
cal lot-size, tap-loss and cable-loss numbers, one
may calculate that for a spacing of 35dB, 12 taps
with a total flat loss of 12dB and 23dB of cable
(450MHz) may be used.

For 50-450MHz operation, cable losses (dB) can
be assumed to vary at a ratio of 1:3. Under this
condition the following relations exist:

Cable-loss (450)= 3 % tilt -2 * drop-cable loss (450)
Tolerance = cable-loss /3

Tolerance is the range of voltages available
to the subscriber. For instance, for a tolerance
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of 6d4B, the average signal voltage would be +3dBmV.
Channel 2 would be at 0dBmV at the beginning of

the cable and at +6dBmV at the end. The opposite
would hold for Channel H22. The best tolerance
achieveable for 23dB of cable is 7.7dB. The mini-
mum amount of output tilt for the line-extender
depends on the length and guality of the drop-cable
used. It would seem that for example given, 10dB
or more is appropriate. The conclusion to be drawn
is that the feed-forward line extender may have to
be operated with more tilt than the usual values.

~gH
~45.00  -25.00

1

CTB
~85.00

44.00  4B.00 52.00 56.00
Eout (flat, dBmV)

Figure 6. CTB in Modulated System
Package Outline

The feed-forward amplifier is a plug-in module,
pre-tuned and fully characterized, that has been
designed to replace standard amplifiers in CATV
amplifying stations. Due to its small size a mini-
mum of mechanical modifications are usually re-
quired.

The photograph (Figure 7) shows the package
configuration chosen. It is the best compromise
between size, performance and manufacturing costs.

The dimensions are 2 inches x 2.5 inches x
0.8 inches. There are 5 pins on each side (Figure 8)
spaced 250 mils apart and 0.5 inch above the mount-
ing surface.

Figure 7. Photograph of Gain Block
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Construction

In anticipation of future frequency and gain
increases, potential problems such as grounding
and isolation have been given special care. The
error and main amplifier substrates are mounted
directly on the back plane (i.e., ground) of the
feed-forward circuit. This minimizes the gain
ripple associated with imperfect grounding.

The amplifiers and the delay lines are shielded
from each other to achieve a very good isolation be-
tween RF paths, where signal levels are very differ-
ent. Connections to the external circuit are made
through input and output pins each surrounded by
2 ground pins. Circuit connections can be very
short if a microstrip technique is used.

The package has been designed for a low ther-
mal resistance between the transistors and the case.
If the case temperature is kept below 100°C the
temperature of the transistors is 135°C in the
worst case. The mounting surface of the package is
machined for good thermal contact with the ampli-
fying station mainframe.

Circuit Realization

In order to achieve 450MHz bandwidth, the
roll-off frequency of the main and error amplifiers
used in a feed-forward circuit must be at least
500MHz. This is achieved by the use of transistors
that have transit frequencies of typically 6GHz
and very low parasitic capacitances.

The delay lines are printed in thin-film
technique. The delays are 2.9 ns with losses of
.25 and .75dB at 50 and 450MHz, respectively.
Lunped delay lines have potentially less loss, but
are more costly and are sensitive to temperature
variations.
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Extensive use of thin and thick film technol-
ogies on alumina substrates reducesthe number and
size of discrete and printed components. This in-
creases the isolation between different parts of
the circuit. Compact, microelectronic construc-
tion is expected to ensure long~term stability
and reliability.

CONCLUSION

This paper describes the first generation
realization of a feed~forward amplifier module.
The integrated construction yields a compact, easy
to use gain block. Performance and power consump-
tion are similar to those found with discrete
component realizations.

It is expected that the future will bring
improvements in all areas. Specially designed
microelectronic amplifiers will reduce the noise
figure and increase the gain. At the same time
the power consumption will be reduced. Single-
ended and monolithic gain stages are expected to
find use. 1In addition to being more efficient
such amplifiers have less and more uniform delay
than transformer-coupled circuits, as used in
conventional hybrids. The bandwidth will follow
the trends developing in the CATV Industry. There
is no reason why feed-forward blocks could not
reach 1GHz.
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ABSTRACT

Intermodulation products represent a continuing
concern to CATV system operators. In most sys-
tems, trunk amplifiers are designed to suppress
first and second order intermodulation products.
As a result, third order intermodulation products
are of primary concern, especially with the in-
creasing use of the 5-30MHz band. Due to the
large number of frequencies carried by a typical
CATV cable and the often indeterminate V-I char-
acteristics of system nonlinearities, the ampli-
tudes and frequencies of the intermodulation pro-
ducts are usually difficult to predict. It is
advantageous, therefore, to understand the ef-
fects of nonlinearities in CATV systems and to be
able to separate the contributions of amplifiers,
connectors, taps, etc. in the overall frequency
spectrum. In this paper, we consider, theoreti-
cally, the generation of intermodulation products
at the junction of the seizure screw of the tap
and the center conductor of the trunk line. In
particular, the terminal response of a branched
coaxial 1ine with a nonlinear device located at
the branch is discussed. 1In addition, the fre-
quency spectrum present as a result of the ex-
citation of the nonlinear device by the funda-
mental frequencies on the Tine is derived.

INTRODUCTION

The typical CATV system exists in an often harsh
environment. The cable distribution system is
usually an aerial array of trunk lines, amplif-
iers, taps, and drop cables subjected to large
fluctuations in temperature, rain, ice, wind, and
other damaging and corrosive elements. The elec-
trical integrity of the system is, therefore,
often difficult to maintain. Fortunately, a cause
and effect relationship has been established for
the majority of signal related problems. The con-
sumer rarely fails to inform the CATV system op-
erator of signal degradation and the cause is usu-
ally determined using a combination of on-site
inspection and previous system experience. With
the increasing use of the 5-30MHz band in two way
systems, a more subtle but potentially harmful
problem has arisen; namely, the generation of

intermodulation products in the 5-30MHz band due
to nonlinear junctions in the cable distribution
system.

In this paper we first examine the V-1 character-
istics of nonlinear junctions and the generation
of harmonics as a result of applying a time-
harmonic excitation to the junction. Some mea-
sured data are presented and discussed in light
of previous experimental work reported in the 1it-
erature. The terminal response of a general
transmission line is considered and equations are
derived for a transmission line with a nonlinear
device in series in the 1ine. This model is ex-
tended to a branched coaxial cable with the non-
linear device located at the branch. A discus-
sion of the meaning and application of the model
follows.

FORMULATION

A junction (or device) is considered Tinear over

a range AV (volts D.C.) if the corresponding cur-
rent is such that Ohm's law is obeyed. Deviations
from Ohm's law are indicative of a nonlinear junc-
tion. The V-I characteristic of a corroded junc-
tion formed by the sejzure screw of a terminal
block and the center conductor of a coaxial trunk
line is shown in Fig. 1.

In order to analyze the frequency response of this
junction, the V-1 curve is fitted to a Taylor
series given by

2 3 L

i=a0+alv+azv +a3v +34v + ... (1)

where a,=0. For an ohmic junction, all coeffi-
cients an for n>2 are zero. Applying a curve
fitting routine to the curve in Fig. 1 yields the
following coefficients.

a;=0.28 (2a)
a,=0.00 (2b)
a3;=-0.10 (2c)
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Fig. 1. Nonlinear V-1 character-
jstic of a corroded junction. 2w, tw, 3, vy
4 312
gty % a,v,v3
where ap for n24 are not significant. The zero
value of a, indicates that the junction does not 2wyt 3 avv?
have any diode conduction characteristics while 47312

the value of a; indicates that the nonlinearity
is due primarily to tunneling phenomena. This
topic is discussed subsequently.

Application of the results in Table 1 to two typ-
ical CATV channels, 2 and 6, yields the following
frequency spectrum.

The generation of harmonics by a nonlinear junc-
tion is seen in a straightforward manner by ap- TABLE 2

lying a cosinusoidal excitation given b
BIng ¥ Fundamental: 55.25MHz

v =Vcosuwt . (3) Fundamental: 83.25MHz
The general equation for the V-1 characteristic ‘.
of the nonlinear junction shown in Fig. 1 is HAPADN &5 ;23‘;2&:? }??';?“ﬂ;
given by 27.22MHz  221.75MHz
i= ayv + a3v3 (4) ;

Clearly, for a typical CATV system with as many
where w is the angular frequency (w=2nf, where f as 35 channels, a large number of harmonics could
is the frequency of operation). fall in the 5-30MHz band.

Inserting (3) into (4) yields Network Equivalent Of A Transmission Line
i=aVv t + a_V3cosiwt (5)
apreese a3t cos v A length £ of coaxial cable operating in the TEM

mode can be modeled by a two-wire line equivalent
and therefore a two-port -equivalent network. As-
sume a load Z to exist at port 2 and a driving

and upon expanding the cube root, one obtains

i=aVecoswt + 3 avVicoswt + L a3vacos3wt.(6)

1 4 73 4 source voltage v to exist at port 1. The trans-
mission-1ine equivalent is given in Fig. Z2a.
Therefore, for an impressed voltage of angular The corresponding network equivalent is shown in
frequency w we obtain the fundamental w and the Fig. 2b.
third harmonic 3w. As the number of fundamental
frequencies on the line increases, the frequency The network equivalent of Fig. 2b allows one to
spectrum, resulting from the junction's nonlinear relate V; and V, to the currents I, and I, by the
response to the impressed voltage, becomes more impedance matrix.
complex. As an example, consider a cosinusoidal
excitation with two fundamental frequencies.
_ ) Vl-] LT oy
v = Vlcos wlt + Vzcos wzt & (8)
\ zZ Z I
In Tatle 1 the resulting freguencies and corre- Z_l 21 22 2

sponding current amplitudes are shown for the
excitation given by (7) impressed on the non-
1inear junaction represented by (3).
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(b)

(a) Two-wire line equivalent
(b) Two port net-

Fig. 2.
of a coaxial cable.
work equivalent of (a).

where Vy=v and V,=-1,% . I, and I, are easily
obtained by inverting [Z] and computing [Z]-[V].
For reference, the matrix [Z] is given by

1
cotkl  Smit

(2] = -3z, (9
———_sinlk T cotk &

where 24 is the characteristic impedance of the
coax (and the equivalent line). Note that the
matrix elements are frequency dependent, i.e.

K = 27 [&] (10)

A
where A is the wavelength. This matrix represen-
tation is useful for computations and visualiza-

tion of interactions which may take place in more
complicated networks.

Now consider the simple circuit shown in Fig. 3.

6 O

Fig. 3. Simple circuit with a nonlinear
device excited by a voltage source.
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The device, 'd', is the nonlinear junction con-
sidered in Fig. 1 and modeled by eq. 4 where the
sign of a, has been explicitly indicated.
Assuming

3

2 3 11
7 23 LARSEEN vd‘ (1)
which holds in typical practical cases, one re-
duces eq. 6 to
1 3 ‘
< _ = 2
i a; Vd coswt - 7 a, Vd cos 3wt (12)

Now consider Fig. 4a. This circuit consists of a
voltage source v, the nonlinear 'device', and a
frequency dependent load 2| (w). The cosinusoidal
excitation v is given by eq. 3. Fig. 4b is an
approximate equivalent circuit with a dependent
current source at frequency 3w and with an output
proportional to V§.

Z(w)
+
d (a)
Zw)
L
7
+*
+
Z, l Zy Z(3u)
(b)
Fig. 4. (a) Simple circuit with a non-

tinear device and load excited by a
voltage source. (h) Equivalent circuit
for (a) with dependent current source.

Zﬂ represents the impedance of the device due to
the linear ‘component' of eq. 12 (1/ay). 24 re-
presents the impedance of the nonlinear 'com-
ponent’ of eq. 12.

From Fig. 4b a voltage equivalent circuit, shown
in Fig. 5, can be constructed where vg is propor-
tional to V. It is an approximate eGuivalent
circuit because the dependent source V; is as-
sumed to be a perturbation and I is assumed to be
jndependent of I,. It is possible to computé the
currents 1 and I, and to arrive at the total cur-
rent shown in Fig. 4b by adding the results to-
gether. The impedance Z in the right-hand side
of Fig. 5 assumes its value at 3w. If this im-
pedance contained a contribution from a trans-
mission line then that line would have an elec-
trical length three times that of its value in
Z{w) in Fig. 5.



Fig. 5. Approximate equivalent cir-
cuit for Fig. 4b with dependent volt-
age source.

Network Equivalent For A Nonlinear Junction In
Series With Coaxial Lines

Fig. 6a shows a segment of coaxial line with a
nonlinear device in series in the line. Such a
situation could arise in pin type or splice con-
nectors where the center conductor is grabbed by
the seizing mechanism. Fig. 6b is the trans-
mission line equivalent with a voltage source v,
Za which consists of the generator impedance and
any other sections of line and load impedance Z .
The characteristic impedance of the coax is £, and
the junction 'd' is Tocated a length £;3 from the
generator.

A network eqguivalent can be constructed on the
basis of the concepts developed in previous sec-
tions. The network equivalent of the circuit
shown in Fig. 6b is

The upper part of Fig. 7 is the network that op-
erates at frequency w (first harmonic). [Z%] and
[#B] are the impedance matrices for cable lengths
£3 and £&y. A1l of the impedance elements must be
evaluated at w. 24 is the first harmonic imped-
ance of the junction. The lower part of Fig. 7

is the network that operates at frequency 3w. The

a

(b)

Fig. 6. (a) Coaxial line segment with a
nonlinear device in series. (b) Trans-
mission line equivalent of (a).

third harmonic values of the elements of the im-
pedance matrices, [ZR] and [ZB], are now used in
the calculation, Z4is the third harmonic impedance
of the junction. Note that v does not appear in
this network, since its impedance is that of a
short circuit. The new {dependent) generator ap-
pears at the junction location and geperates a
voltage V; which is proportional to Vé. To com-
pute, for example, the total current through the
Toad £ in Fig. 6b, one first would compute the
current through 2y (w) from the upper part of Fig.7
and then the current through Z_ (3w) from the
lower part of Fig. 7 and add the two together.
Note that the voltage V, depends upon Vg which im-
plies that, if the input voltage v is changed,
then the voltage in the lower circuit does not
change proportionately. That is if v is, for ex-
ample, doubled, the currents and voltages in the
lower circuit will not double.
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Fig. 7. Network equivalent of
the circuit shown in Fig. 6b.



Network Equivalent For A Branched Transmission
[ine With A Nonlinear Junction At The Branch

Fig. 8a shows a branched coaxial transmission
1ine with a nonlinear junction located at the
branch. This branched structure commonly occurs
at a tap. The nonlinear junction could arise due
to corrosion or the presence of other thin insu-
lating films between the trunk 1line center con-
ductor and the seizure screw and terminal block.
This effectively places the nonlinear junction in
series with the branched line (normally a drop
cable). Fig. 8b is the transmission line equiva-
lent with a voltage source v with impedance Z;
and a load impedance 2. The branch is a dis-
tance £ from the generator and has a length Zc
with load impedandce Zc. The nonlinear junction
is labeled 'd'.

[¥

¢
o

Ze

Fig. 8.
Tinear junction at the branch.
sion line equivalent of (a).

(a) Branched coaxjal line with a non-
(b) Transmis-

Extending the results of the previous section,
one can construct a network equivalent of the
transmission line equivalent shown in Fig. 8b.
This is shown in Fig. 9.
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Fig. 9. Network equivalent of
the circuit shown in Fig. 8b.

The concepts used in evaluating terminal currents
and voltages in this network are identical to
those used to evaluate similar quantities of the
nonlinear junction in coaxial lines. The upper
part of Fig. 9 is the first harmonic 'component'
with all impedances evaluated at frequency w.

The lower part of Fig. 9 is the third harmonic
‘component' with all impedances evaluated at
frequency 3w. The generator Vi, in the lower
part, operates at a frequency 3w and has an out-
put proportional to Vi. The total current is the
sum of the currents in the upper and lower parts.

DISCUSSION

The network equivalents presented for a junction
in series in a coaxial line and a junction at a
branch in a coaxial line allow one to calculate,
using standard network theory, the currents and
voltages present as a result of the excitation of
the nonlinear junction. The junction is assumed
to generate only the fundamental and the third
harmonic. In actual practice, a cable system con-
tains many 'fundamental' frequencies each of which
may be modulated. This spectrum or frequencies,
upon interaction with the nonlinear junction, will
result in the generation of an enormous number of
harmonics, even for a junction that can be de-
scribed by a simple equation such as (4). For
example, the excitation given by (7) would result
in six additional frequencies present in the sys-



tem. In the case of the network equivalent shown
in Fig. 10, there would be two calculations for
the upper network; one at frequency w,. All the
impedances would assume their values at the re-
spective generator frequency. Similarly there
would be a calculation for the lower network at
each of six different frequencies: 3wy, 3wz, 2w1-
w2, Cwytwe, 2wz-wy and 2w,+w;. Each dependent
generator would have a different voltage ampli-
tude and, again, all impedances would assume their
values at the respective generator frequency. To
calculate the current through any particular load,
one would sum the currents from these eight com-
putations. Clearly, the extension to a more com-
plex frequency spectrum would involve straight-
forward but very lengthy calculations.

The presence of the cubic term and the absence of
the square term (along with terms of order higher
than cubic) is given as justification for assuming
that the nonlinear response of the junction is due
to tunneling of electrons through an insulating
film separating the metal surfaces. This obser-
vation is supported numerous times in the litera-
ture [1-5]. In general, a junction's V-I charac-
teristic has been found to be extremely pressure
sensitive. In particular see reference (5). It
would not be unreasonable to envision a junction
that was linear at one time of the day, becoming
jncreasingly nonlinear as the temperature fell
during the afternoon. The associated generation
of harmonics would follow. Similarly, stress re-
laxation at metal contacts could also reduce con-
tact pressure with the possibility of the forma-
tion of a nonlinear junction. Corrosion of any
type would only aggravate the situation.

SUMMARY

In this paper the V-I characteristics of nonlinear
junctions and the generation of harmonics by these
junctions when a time-harmonic excitation is im-
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pressed upon them is discussed. Equivalent cir-
cuits are presented for nonlinear junctions that
are in series with and at a branch between coaxial
lines. From these circuits, network equivalents
are constructed which allow one to calculate the
terminal voltages and currents using standard net-
work theory. It is pointed out that the nonlinear
junctions typical in CATV cables and connectors
are probably due to tunneling phenomena.
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ADVANCED HYBRIDS FOR CATY AMPLIFIERS

Jay G. Staiger

Magnavox CATV Systems, Inc.

100 Fairgrounds Drive, Manlius, NY

Improvements in hybrid I.C. amplifiers
from applications of superior impedence match-
ing and thermal design techniques result in a
cost effective means to achieve better noise
and distortion performance for a CATV Distri-
bution System. When implemented in a CATV
design, several benefits can be realized:

1. Longer trunk cascades.
2. Higher trunk gains.
3. Expand existing bandwidth - 270-
450 MHz.
4. Eliminate expensive hub architectures.
5. Eliminate expensive distortion can-
celling techniques.

The CATV Industry has been demanding high-
er levels of performance from CATV distribution
systems. Increased channel loading requirements
to cover large areas, competition from a large
number of high quality, local, off-air signals,
and the economics of system architectures are
reasons for the need to increase performance from
a CATV amplifier.

As bandwidths expanded and were loaded in
excess of 58 television channels, the tolerable
trunk cascades were shortened. The trunk system
which was designed to be typically transparent,
became less transparent, and contributed signif-
icantly to the total system distortions. To
compensate for the decreased transparency of the
trunk, the bridger and line extender levels, along
with the higher cable attenuation, significantly
increased the initial and ongoing costs of the
CATV distribution system.

Techniques such as harmonically related
headends were applied to off-set some of the
reductions in system trunk reach and lower feeder
levels. However, these systems had to deal with
the different problems. The trend now is to
avoid harmonically related systems and stay with
standard channel assignments, if at all possible,

The most demanding force for the higher
CATV distribution system performance is the
specifications required by the franchiser.

233

13104

There is another technology which is avail-
able, and most importantly, is cost effective. It
is cost effective because it can be used to do one
or more of the following:

1. Eliminate multiple hub requirements.

a. No duplicate headend processors.

b. No duplicate tower antennas.

c. Reduced microwave interconnect
expense.

Eliminate HRC requirements.

Can be applied in place of feedforward

techniques,

4. Reduce the number of amplifiers of the
CATV distribution system Bill-of-Materials.

5. Reduce bandwidth expansion costs in exist-
ing plant.

w

This technology can be used to realize one or
a combination of the above savings depending on the
franchise requirement specifications, and system
topology when a high performance amplifier is
applied,

The Objective- The initial goal was to develop a
technology that improves distortion and noise per-
formance within the confines of the existing amp-
lifier packages and to maintain the standard size
of the hybrid amplifier. The paramount criteria is
that it should be cost effective.

After months of careful documented research,
Magnavox CATV Systems, together with its North
American Philips' sister company, Amperex, has dev-
eloped a significant technological breakthrough
that met our goal. This breakthrough is called
Power Doubling.

The heart of the Power Doubling system is the
postamplifier with improved distortion parameters.
The system utilizes precise impedence matching, op-
timized frequency response flatness, and superior
thermal design that permits a much higher output
from the single hybrid package. All these factors
combined, provide a minimum of a 6 dB improvement
in composite triple beat and cross mod specifica-
tions when compared to a conventional hybrid system

In addition, a low noise preamplifier has been
introduced to the system so that excellent noise
performance can be realized. This preamplifier
allows the Magnavox Power Doubling product to have



at Teast a 2 dB better noise figure than that
available with other hybrids.

The above stated improvements will be the
minimum achievable. Some of the data accumulated
indicated that, typically, we can expect greater
improvements. The subsequent text and illustra-
tions will show greater than 3 dB improvement in
noise figure and approximately 6.5 dB improvement
in distortion. The two components which make-up
the Power Doubling system, the low noise preamp-
lifier and the power doubler postamplifier are con-
figured so that it is packaged for use with
Magnavox's present product line. This makes it
extremely cost effective and provides the operator
with equipment for an advanced system architecture
at an affordable price.

Test Results- Testing completed on the initial
product proves the performance is as expected.
Figure #1 is a graph of noise figure vs frequency,
and is plotted from 50 MHz to 450 MHz. It indi-
cates an improvement in the worst case noise
figure at 450 MHz of 3.3 dB.
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Test results for composite triple beat also
show the expected results. Comparing Figure #2a
with Figure #2b shows a 6.5 dB improvement in
composite triple beat. Figure #2a is the conven-
tional hybrid and measures -55.6 dB carrier-to-
composite triple beat ratio. This figure illus-
trates a spectrum analyzer display with a CW car-
rier superimposed over the composite triple beat
distortion. Figure #2b is a display of the carrier
-to-composite triple beat ratio of the power doub-
ling amplifier and measures a 63.1 dB carrier-to-
composite triple beat ratio. Take note that the
CW carrier levels for both Figure #'s 2a & 2b are
equal, but the distortion is 6.5 dB Tower in the
power doubling case.
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To confirm this measurement, and also to
prove that the third order peformance is behaving
as expected on a 2 dB of distortion for 1 dB of out-
put level change, the output level of the power
doubling amplifier has been increased by 3 dB and
is shown in Figure #2c. Take note that the carrier-
to composite triple beat ratio measures -56.1 dB and
is still .5 dB better than the conventional hybrid
amplifier.

Summarizing the distortion test results, we
can say that the amplifier has double the power
output (& 3 dB increase is equal to twice the
power) when compared to the conventional hybrid for
approximately the same level of distortion.

Compression Point- For the purpose of the discus-
sion in this paper, 1 am defining the compression
point as the output level of the CATV amplifier
where the change in distortion (take note that I
do ' not say composite triple beat distortion) de-
viates from a 2 dB in composite beat for 1 dB of
output level change, to a 3 dB of composite beat
for 1 dB of output level change. Refer to Figure
#3 for a comparison of the compression points for
conventional, power doubling and feedforward amp-
lifiers. Figure #3a is the conventional hybrid
and shows a compression point of 49 dBmV. Figure
#3b shows a Power Doubling amplifier having a

52 dBmV compression point or a 3 dB improvement
over the conventional hybrid compression point.

FIGURE 3
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Comparing feedforward technology to power
doubling technology you will note that there is a
4 dB better compression point for the power doubler;
the feedforward having 48 dBmV vs 52 dBmV of power
doubler. Also note that a standard conventional
hybrid has a 1 dB better compression point. The
reason for the lower compression point of the feed-
forward amplifier is the fact that the signal out-
put from the hybrid I.C. amplifier must pass through
the combiner where the distortion cancellation takes
place. This output combiner, for this illustration,
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is assummed to have 1 dB of insertion loss and
results in a 1 dB degradation in the compression
point,

During the system design planning process,
when the engineer calculates the amplifier operat-
ing levels and the resulting system performance,
he must consider the compression point of the
amplifier, For a standard CATV hybrid loaded to
450 MHz, the output level should not exceed
50 dBmV, Likewise, I have noted system designs
utilizing feedforward technology which are limited
to 49 dBmV maximum operational output level. The
power doubling amplifier, however, since it does
have the improved compression point, can oper-
ate up to approximately 53 dBmV, 1In CATV systems
with up to approximately 20 amplifiers in cascade,
the power doubling, bridger amplifier and line
extender amplifiers will be able to operate at
higher levels, thus reducing the number of ampli-
fiers required when compared to feedforward tech-
nology. A lower number of amplifiers means less
initial expense, and less ongoing operational
expense.

Longer Cascades and Extended Trunk Reach- At this

point, I would like to restate the increase of per-
formance for the power doubler in terms of dynamic
range. The increase in dynamic range of the amp-
lifier is 5 dB. That is the combination of the
improvement in noise figure and the improvement in
output levels:

Improved Dynamic Range = ANoise Figure + A CTB/2

]

5 dB A? + A6
This 5 dB increase in Dynamic Range will yield the
improvements in cascadability that is shown in
Figure #4. Three columns are shown. Column #1
indicates a conventional system at approximately
10 amplifier maximum cascade; the second column
shows a power doubling amplifier at 26 dB gain and
results in an approximate 20 amplifier maximum
cascade; the third column depicts a power doubling
amplifier at 22 dB gain and indicates an approxi-
mate 30 amplifier cascade. At the end of each of
these cascades, the resulting system performance,
in terms of carrier-to-noise and carrier-to-compos-
ite triple beat, are identical. This is to say,
the power doubling column.at 22 dB gain, will meet
a 47 dB carrier-to-noise and 53 dB carrier-to-com-
posite triple beat at the end of 30 trunk amplif-
iers, plus 1 bridger, plus 2 line extenders in cas-
cade. This is an improvement of three times the
system reach over the conventional system,
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As a result of the improved cascadability
with power doubling, the cable TV operator can
take advantage by reducing the number of hubs
necessary to build a given CATV system; or, where
critical specifications need to be met, power
doubling can be used in lieu of feedforward tech-
nology. For example, if the specifications in
Figure #4 were to be met at 29 amplifiers in cas-
cade, a conventional system could not be used.
Therefore, the choice would be either feedforward
or power doubling to meet these specs.

Cost Effectiveness- In order to prove the cost ef-
fectiveness in systems where conventional ampli-
fiers could not fulfill the specification require-
ments, a series of study designs were performed.

A sample area was selected and consisted of approx-
imately 25 miles of CATV distribution system. The
performance specs. given in Figure #5 are held con-
stant in each of the designs. The results of the
study designs are plotted in Figure #5. Take note
that the feedforward technology, shown by columns

1 and 2, priced out at approximately $2500.00 per
mile. Comparing that to columns 3 and 4, which is
the power doubling design, it priced out at approx-
imately $1900.00 per mile, or approximately $600.00
less for power doubling.
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FIGURE 8
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To reiterate, it was determined that this
system required approximately 29 amplifiers in
cascade at 22 dB trunk spacing, It was determined
by Figure #4 that the conventional technology can
only meet those specifications up to 10 amplifiers
in cascade, Therefore, it was concluded that
either feedforward or power doubling need to be
used, Now the judgment would be purely economic
because the specifications could be met by both
power doubling and feedforward, Based on economics
of the study designs, the choice would obviously be
for power doubling at $600.00 less per mile.
Futhermore, 1 would 1ike to put this savings into
perspective, State-of-the-art CATV distribution
systems now being proposed are usually a minimum of
a dual subscriber system. In a dual cable subscri-
ber system, this $600.00 a mile savings would have
to be doubled for a total of $1200.00 a mile
savings. If this was a 1000 mile system, the total
initial cost savings would be $1.2 million dollars.

A cost savings can be illustrated in a dif-
ferent manner, For example, if the same system
requiring a total of 30 amplifier cascades could be
designed with conventional equipment and 2 hubs,
the additional cost would result from the addition
of 1 hub and all the associated equipment, If
power doubling could be used to eliminate 1 of
those hubs, the expense of an additional 58 channel
headend, tower and antennas, earth station equip-
ment, real estate, two-way microwave connection
between hubs, and the associated ongoing operating
costs could be eliminated.



Eliminate The Harmonically Related Signal
Requirement- Harmonically related carrier systems
(HRCY have been applied in expanded bandwidth
systems to improve the subjective picture quality
of the TV signals. Some people believe that there
are sufficient technical reasons why HRC headends
should not be used. Other people believe that the
problems created through the use of HRC are out-
weighed by the subjective improvements. In a sit-
uation where the technical disadvantages are per-
ceived the power doubling amplifier can be used to
make up for the HRC benefit. In either case, the
HRC headend is somewhat more expensive than head-
ends applying standard frequency assignments, In
these situations, the Power Doubling concept can
be used to save the additional cost for the HRC
headend.

It is felt that the general consensus for an
HRC improvement is approximately equivalent to
6 dB of carrier-to-composite triple beat. For
example, if a system was designed for a 53 dB
carrier-to-composite triple beat ratio with stan-
dard frequency assignments, that same system with
HRC could be designed for a 47 dB carrier-to-
composite triple beat ratio, or a 6 dB reduction
in the spec. This would yield the same picture
quality for both the standard channel assignments
and the HRC channel assignments.

Since the power doubling amplifier improves
the distortion of a conventional amplifier by
6 dB, this improvement can be directly applied
and compared to the 6 dB improvement of the HRC
system. Therefore, a standard headend could be
installed, along with power doubling amplifier
systems, resulting in the same distribution
system design architecture and bill-of-materials,
but eliminating the need for harmonically related
signals.

Drop-In Bandwidth Expansion- Another major benefit
of a power doubling product is its ability to be
applied for existing system bandwidth upgrades.
Because of the significantly increased dynamic
range of the product and, because it will be avail-
able with operational gains up to 27 dB, a 270 MHz
distribution system can be upgraded to 450 MHz with
60 channel loading. This can be accomplished by
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directly dropping in the power doubling modules at
existing trunk amplifier locations. There will be
no need to move trunk amplifier locations. As in-
dicated previously, the goal for this product was
that it be housed identically to the Magnavox ex-
isting product. This means that existing Magnavox
systems only need to swap out trunk modules and
bridger modules. Housings, connector chassis and
return modules can remain unchanged (if 270 MHz is
to be expanded to 440 MHz, the model series
5-MC-2 chassis must be installed in the existing
equipment).

With the conventional equipment, an upgrade
from 270 to 450 MHz would require the complete
redesign and respacing of the entire CATV distri-
bution network. This would be more costly than
the original initial build. The drop-in capabil-
ity of power doubling provides a significant cost

SUMMARY

A net 5 dB improvement in dynamic range,
as a result of a minimum of 2 dB better noise fig-
ure and 6 dB better distortion performance, is pro-
vided. Savings in CATV distribution systems de-
sign can be realized by reduction in actives, re-
duction in the number of hubs and elimination of
the need for feedforward technology. Improved
technical performance can be realized by elimina-
ting the need for harmonically related carrier
systems or by just applying the increased dynamic
range for purposes of having sufficient head room
on the subjective performance of the TV picture
signal.

It should be noted that every CATV distribu-
tion system has its own unique features and design
requirements. The examples presented here were
based on certain assumptions. Magnavox's Systems
Engineering Department can provide an analysis of
your specific case to determine the benefits as
they may apply.

Please stop by Booth #1502 at the 1983 NCTA,
or write Magnavox CATV Systems, Inc,, 100 Fair-
grounds Drive, Manlius, NY 13104



AN OFF-PREMISES CONVERTER WITH
MULTIPLE SIGNAL PATHS

Charles M. Palmer
Engineering Manager of Digital Products Group

C-COR ELECTRONICS, INC.
State College, Pennsylvania

ABSTRACT

An off-premises converter with controliable mul-
tiple signal paths fixes the problems inherent with the
simple off-premises converter. The unconverted path
solves the additional set problem. The reverse path al-
lows for future two-way communications. These with
the converted path provides an off-premises unit that
meets the needs of todays cable systems.

INTRODUCTION

Several years ago, C-COR managers decided to fill
a large market niche existing for off-premises address-
able converters. These units, we believed, would solve
many problems plaguing the converter market. Signal
and equipment theft; equipment access and control;
these were to be wiped out in one fell swoop.

Our orginal design was a simple off-premises con-
verter consisting of a box on a pole. The box contained
a power supply, tuner, microcomputer controller, and
data link for addressable control.

The road to this basic converter was rocky and
seemingly endless. Meeting tuner and other component
specifications in temperature extremes of —40 to 60 C
wasn’t easy. Keeping the electronics protected against
Mother Nature’s tricks of moisture and lightning was
just as difficult. Designing a highly reliable product
that functions under widely varying operating condi-
tions, while satisfying the Underwriters Laboratory, is
an experience that I wish on no one.

Problems With Off-Premises Converters

Meeting UL codes and coping with the weather
were solvable problems; the technology was at hand.
But that didn’t help us. We had the wrong product
for the market. People wanted choice, and our simple
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off-premises converters delivered only one channel at
a time to all sets of a multiple-set customer {(the
“additional set” problem). To solve this problem, we
could pul additional converters on the pole. Sounds
simple, but the additional wiring needed for each pole-
mounted converter and the extra converters them-
selves boosts costs to unrealistic heights. That wasn’t
all. The simple off-premises connverter had no reverse
path (5 - 30 MHz), and that was unacceptable.

A SOLUTION

We chose to employ multiple signal paths into
and out of the home on one cable drop. The design
included: The converted (to Channel 3 or 4) signal
path into the home, the unconverted signal path for
additional sets, and the reverse signal path for future
two-way operation. All paths are controlled by the off-
premises unit (Figure 1). A description of our system
follows.

A Component Overview

The system comsists of four components. These
are the SCAT-TAP, the SCAT-CAN Series 10, the
Power Pack, and the Keypod. The SCAT-TAP is a tap
unit — a mounting fixture for four SCAT-CANs — and
provides some signal security. The SCAT-CAN Series
10 is the addressable off-premises unit that contains
the converter and controls all signal paths into and
out of the home. The Power Pack provides AC power
to the SCAT-CAN and DC power to the Keypod; it
also passes the low-frequency control signal from the
Keypod onto the coax and up the drop to the SCAT-
CAN. The Keypod is a requesting device that the
customer uses to select a channel. The SCAT-TAP
and SCAT-CAN are on the pole; the Power Pack and
Keypod are in the home.



The Converted Signal Path

The converted signal path operation begins as
the customer selects a channel on the Keypod. The
Keypod then transmits the chaunel request to the
SCAT-CAN using a 40 kHz carrier with on/off keying
(OOK) modulation. A microcomputer in the SCAT-
CAN receives the carrier and digitally demodulates it
(Figure 2 -— line type 8). The microcomputer looks
in the customer authorization table in nonvolatile
RAM to see if the customer may watch the requested
channel. Assuming that the customer is cleared, the
microcomputer looks in a ROM table to locate the
required frequency and cable for this channel. The
microcomputer then tunes the converter using a digital
phase-locked loop control circuit and selects the ap-
propriate cable (Figure 3 — line type 7). As with set-
top converters, the converted signal must be viewed by
tuning the set to Channel 3 (Figure 2 — line type 5). If
the customer is not permitted to watch the requested
channel, a promotional channel will be tuned. The
authorization table is sent by the control computer via
an RF data carrier with frequency-shift-keying (FSK)
modulation (Figure 2 — line type 4). The data signal
is always on cable A.

This operation is similar to the original simple
off-premises converter.

The Unconverted Signal Path

Cable A carries the unconverted signal. It is
filtered to pass only the non-premiumn signals (50 - 216
MHz3z), and is amplified to match the signal level out of
the converter. This unconverted signal is controllable
via the microcomputer. The microcomputer either al-
lows this service to pass into the home or terminates
this path by selecting the position of an RF switch.
Unconverted and converted paths are then combined
and sent down the drop into the home (Figure 2 — line
type 3). Since these paths have overlapping frequency
ranges, the unconverted path cannot have a signal at
Channel 3. An adequate filter to remove Channel 3
from the unconverted signal path would be very ex-
pensive; therefore no signal can be carried on cable A
at the Channel 3 frequency. A 20 dB Channel 3 band-
stop filter in the unconverted path is added to reduce
noise that might degrade the converted signal.

The unconverted signal path solves the additional
set problem inherent in a simple off-premises con-
verter. This signal path allows customers to choose
different shows on different sets and carries the FM
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radio band. Customers may watch any of the 11 chan-
nels of unconverted signal on a normal TV set or may
use a block converter or a cable-ready TV to pick
from 20 channels. Unconverted signals are either on
or off; there is no individual channel control. The cus-
tomer may watch a converted signal (premium service)
by tuning his or her TV to Channel 3 and using the
Keypod to select the channel. All sets in the house may
be used to view this converted signal; all sets receive
the same signals. Only one converted signal may be
viewed at a time.

The Reverse Signal Path

The reverse signal path comes from the house
into the SCAT-CAN. This signal is separated from
the forward path by a diplex filter, controlled by an

RF switch, and recombined onto the cable A input
using another diplex filter (Figure 2 — line type 1).
The microcomputer controls the RF switch, but does
not “talk” in the reverse direction (back to the con-
troller). By controlling the reverse signal path, the sys-
tem operator can turn off the reverse path where it is
not needed. This helps stop ingress. The reverse sig-
nal path along with the unconverted forward path per-
mits future two-way communications with the home,
without replacing or upgrading the ofl-premises unit.

CONCLUSION

An off-premises addressable wunit can be
configured to overcome the basic conceptual problems
inherent in a simple off-premises converter. An ad-
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ditional path allows FM and unconverted service vantage of this configuration is that Channel 3 may not

delivery to additional TV sets. The use of a controlled be carried on cable A. We believe off-premises address-
return path allows delivery of two-way service and iso- able converter systems presently offer the best solution
lates drops of non-two-way customers. The only disad- to many CATYV problems.
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AUDIO NOISE REDUCTION IN CABLE SYSTEMS

S. Forshay, K. Gundry, D. Robinson, C. Todd

Dolby Laboratories Inc.

ABSTRACT: PART A

A newly developed compandor pro-
vides 23 dB of CCIR weighted noise
reduction in a transmission medium
where starting signal-to-noise ratio
is on the order of 45 dB. A two-band
approach consisting of the cascade
combination of sliding and fixed band
compandors provides a cost effective
means of maintaining excellent audio

quality in stereophonic television
transmission. The compandor is dis-
cussed in terms of dynamic properties

including overshoot performance,
sensitivity to time dispersive trans-
mission media, and reduction of
correlated noise spectra common in
intercarrier television design.

PART A:
INTRODUCTION
The advent of multichannel television
sound brings with it increased demand for
quality in all associated transmission

equipment, as well as some specific require-
ments for audio noise reduction. Addition of a
difference channel component and a second lan-
guage subcarrier to the baseband mono carrier
represent a significant compromise in audio
quality. This paper is intended to illustrate a
cost effective approach providing stereo
signal-to-noise performance equivalent to
present monophonic transmission.

Existence of three proposals for a trans-
mission system standard made it clear that any
compandor developed would have to be designed
to handle both de-emphasized white noise,
characteristic of an FM-AM system, and de-
emphasized triangular noise, characteristic of
an FM-FM system. There are also varying degrees
of correlated noise spectra such as
intercarrier buzz, incidental phase moduation,
and impulse noise. Typical modulation 1levels
and bandwidth restrictions for the (L-R) sub-
carrier and second audio program channel
indicate fringe area signal-to-noise ratios as
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ABSTRACT: PART B

The delivery to the home of pro-
gram audio in digital form would have
many advantages, among them the poten-
tial for very high quality and ease of
encryption. Conventional high quality
digital-audio conversion schemes yield
high bit rates at high cost. A con-
version scheme will be described which
yields high quality sound, modest bit
rate, low cost, and inherent resist-
ance to bit errors.

A HIGH THRESHOLD COMPANDOR FOR MULTICHANNEL TELEVISION SOUND

much as 25 dB poorer than mono. Cable systems
generally reduce aural carrier power 5 dB with
respect to broadcast standards; a reduction in
adjacent channel video interference acheived at
the expense of audio noise performance. These
considerations contributed to the choice of
40 dB as representative of worst case signal-
to-noise conditions.

One of the prime requirements during early
listening tests was ‘"compatibility". Thinking
at that time included processing of both (L+R)
and (L-R) signals and required the compressed
signal be 1listenable on monophonic receivers
without expanders. B-type noise reduction (1),
(2), (3) was suggested as a‘'solution because of
the gentle compression slope and modest amount

of noise reduction. Unfortunately, those very
desirable B-type characteristics 1limit the
effectiveness of the compandor under the
present conditions. B-type was designed to

reduce noise characteristic of 1low speed con-
sumer tape processes {predominantly high
frequency in nature), and in doing so left a
substantial amount of middle frequency noise
apparent. The results clearly indicated a need
for increased noise reduction effect which
extended Tower in the middle frequency range.



A1l noise reduction proponents were in
agreement that the issue of compatibility was
in conflict with providing the necessary noise

reduction. A decision was made to allow com-
patible processing of the (L+R) signal if a
proponent so desired, but to drop the

compatibility requirement for (L-R) processing.
The proponents were now free to apply more
aggressive compandor algorithms and it was at
this time that C-type noise reduction (4} was
proposed for processing the subcarrier signal.

C-type provides 20 dB of CCIR-weighted
noise reduction wusing two series-connected
"s1iding band" processors with separated areas
of dynamic action. The processors operate at
different thresholds to minimize peak
compression ratios and undesirable side effects
in channels with time variant freguency and
phase characteristics.

Listening tests revealed improved middle
frequency noise reduction, but not without
audible noise modulation artifacts. The channel

note the presence of low frequency components
of buzz after noise reduction. A new combina-

tion approach was needed maintaining the
attributes of a high frequency sliding band
device, while providing additional Tow

frequency noise reduction to deal with buzz. A
vote amongst the compandor proponents resulted
in a majority decision to eliminate (L+R) pro-
cessing due to the fact that (L-R) noise would
ultimately limit stereo signal-to-noise
performance.

THE COMPANDOR SYSTEM

The new circuit consists of two series-
connected compandors operating in separated
frequency ranges with differing amounts of
noise reduction. The combined output provides
increased noise reduction effect in the cross-
over region with a modest increase in maximum
compression ratio. A block diagram of the com-
pressor is shown in figure 1, with the
corresponding expander shown in figure 2. The
well documented "dual-path" approach is used in

noise level limited overall noise reduction which a dynamically modified signal in the
effect to 15 dB and caused the expander to "side-chain® s summed with a dynamically
mistrack.  C-type was originally designed for unmodified signal in the “main path". A
consumer tape systems and was not intended to compressor is formed via in-phase summation,
provide  substantial low frequency noise while the complementary expander function is
reduction. Therefore, it was not surprising to derived via negative feedback.
COMPRESSOR 1 COMPRESSOR 2
non-1l1in. non~lin.
BPF VCA amp limiter o VCHPF | amp limiter
non~lin,] non-lin pre-
filter rect. filter [ Fe°t: emph.
o
+ s + g
5 linear limiter + requency selective linear limiter + <
g’ RNy T
o
Fig. 1. Compressor block diagram.
EXPANDER 2 EXPANDER 1
non-1in. non-1lin.
limjter amp VCHPF linmiter amp vVCA BPF
— -1in, non-lin.
z;:h. rect.}— Q:Ttern rect. filter
8 E + - frequency selective linear limiter | 4 linear limiter é
& E = ) 1_§;I7 -7 2
3

Fig. 2. Expander block diagram.
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Compressor 1 dis a fixed band device
similar to one band of A-type (5) formed by
bandpass filtering the input to a voltage con-
trolled attenuator (VCA), in a one-decade range
beginning at 80 Hz. An amplifier following the
VCA provides the means of adjusting the maximum
contribution of the side-chain signal to the
compressor output. Attenuation of the VCA is a
linear function of control signal which is a
full-wave rectified representation of the side-
chain output, smoothed by a non-linear filter.
Compressor 2 is a sliding band device formed by
passing the input signal through a voltage con-
trolled high-pass filter (VCHPF), where the
cutoff frequency s threshold-limited to a
minimum of 2.2 kHz. An amplifijer following the
filter again provides a means of adjusting the
maximum contribution of the high freguency
side-chain to the compressor 2 output. The
VCHPF cutoff frequency is a linear function of
control signal which is a pre-emphasized, full-
wave rectified representation of the high
frequency side-chain output, smoothed by a
second non-linear filter.

Dynamic Properties

The "bi-linear" nature of the transfer
characteristic is illustrated in figure 3. At
levels below threshold, side-chain signal

dominates the compressor output. As input level
increases, the side-chain (a combination of
linear and non-linear 1limiters), contribution
becomes Tless significant and the transfer func-
tion approaches unity gain. This configuration
provides a effective means of controlling com-
pressor overshoot. Overshoot is the result of
time delay in the control path and is equal in
amplitude to the change in compressor gain
during the transient interval (and thus
statistically dependent on source material).
Overshoot duration can be minimized by decreas-
ing compressor attack time, but only at the
expense of increased susceptibility to expander
mistracking (i.e. a compressor with a very fast
attack generates additional high frequency com-
ponents which may extend beyond the channel
bandwidth; if these spectral components are
attenuated or subjected to phase aberrations,
expander mistracking will result).

A non-linear limiter (symmetrical
clipper), operates on the side-chain output
signal clipping off high level overshoots. The
side-chain contribution is reduced at high
levels and the resulting distortion (several
percent), is short enough in duration (about 1
msec}, to be effectively masked by the unalter-
ed signal component of the main path. An
identical c¢lipper is used in the expander where
complementary subtraction of the distortion
products occurs. The relatively small overshoot
component at the compressor output (typically
2 dB with average program material), can be
handled without significant compromise in the
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use of channel dynamic range. This also allows
the compandor to achieve the full noise reduc-
tion effect.

In theory, for transmission paths time
dispersive in nature, it is desirable to use
rms detection in generation of the compandor
control signal. This requires the integration
time be Tlong compared to the period of the
signal; a direct conflict with good transient
performance. In practice, a simple non-linear
filter network which combines signal averaging
and peak detection provides a sufficiently
close approximation without the cost and com-
plexity of rms detection (4).
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Fig. 3. Input-output characteristics (at 2KHz).

The compandor non-linear filter configura-
tions are identical with time constants
optimized for each band of operation. Attack
time varies with the dynamic nature of the
input signal and is relatively long for trans-
jents of moderate level. The resulting
overshoots are linearly handled in the trans-
mission path. Large transients cause the filter
time constant to adapt to a minimum fixed value
shortening the overshoot interval in such a way
that modulation products (sidebands), will be
masked by the transient ijtself. The compressor
can be modeled as an amplitude modulator which
trades dynamic range for signal bandwidth thru
multiplication of source and control signal.
Attack time must be sufficiently long to main-
tain psychoacoustic masking of multiplier side-



of modulation
channel band-

bands and prevent generation
products which extend beyond
1imiting filters (attenuation and filter time
dispersion cause the expander to generate
transient distortion). Compandor release time
js critical as well. Designs with single pole
control path filters generally require trade-
off between response time and distortion caused
by ripple. However, the non-linear filter con-
sists of a two pole circuit which reduces
ripple distortion and noise modulation products
(noise tails due to lengthy release time). A
second factor considered in the choice of
release time is a psychoacoustic effect whereby
sensitivity of the ear is reduced immediately
following a transient (5). A release time on
the order of 50 msec provides very satisfactory
subjective performance.

Band Splitting

Elementary compandors such as those used
in telephony are broadband devices consisting
of a single signal path. Devices of this nature
are best suited for use over narrow portions of
the audio spectrum such that the probability of
generation of noise modulation artifacts and
modulation products is reduced. Wideband com-
pandors exhibit excellent noise reduction
properties in the absence of signal, but due to
the broadband nature of the detector, the
presence of moderate to high Tlevel Tow
frequency signals will reduce dynamic action
and high fregquency noise will become audible
(the reverse is also true). Signal pre-emphasis
is often used in an attempt to minimize these
effects. In contrast, the sliding band (VCHPF)

INCREASING FREQUENCY (LOG SCALE)

Y

no-signal
threshold

curve 1
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noise masked
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EXPANDER f1 2
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Fig. 4. Signal adapting nature of the

sliding band processor.
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is optimized to take advantage of a second
psycho-acoustic phenomena whereby noise in the
immediate band surrounding a high level signal
is masked in the presence of such a signal,
thereby reducing the requirement for noise
reduction in that band (5). A signal with
dominant mid-frequency energy (fl), will cause
the VCHPF cutoff frequency to increase, reduc-
ing dynamic action in the region of the signal
(where noise 1is effectively masked), while
maintaining noise reduction at higher frequen-
cies {see curve 1 figure 4). A signal in the
region of f2 will increase the VCHPF cutoff
frequency proportionally more for a given
energy level; illustrating the signal adapting
nature of the sliding band {see curve 2
figure 4). High frequency noise modulation by
low frequency signals is also reduced due to
the variable selectivity of the VCHPF. Sliding
band technique can be adapted for use at Tow
frequencies but the cost and complexity are not

Jjustified in this application. Therefore, a
narrow fixed band compandor is cascade
connected to provide low frequency noise
reduction. The operating bandwidth of the Tow
frequency band is optimized to provide 14 dB of
noise reduction with minimal out-of-band
modulation effects. Curves illustrating
individual and combined compressor

contributions {(for levels below threshold), are
shown 1in figure 5. First order filter slopes
are required in order that summation of the
compressor responses result in the smooth
overall characteristic shown. The summation
process also  provides additional middle
frequency noise reduction with only a modest
increase in peak compression ratio.
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SUMMARY

A new companding configuration has been
described which provides superior broadband

noise reduction characteristics in the presence
of high channel noise. This high threshold
device functions so as to maintain monophonic
audio quality for stereo transmission at the
Grade-B service contour 1limit. In addition,
the compandor is ideally suited for wuse in
transmission paths where frequency response
characteristics are well defined, and signal-
to-noise ratio is as low as 40 dB. Listening
tests conducted using very critical program
sources including isolated bells, wood blocks
and additional highly transient material have
shown the compandor to be relatively free of
noise modulation artifacts commonly associated
with wideband high compression devices.

PART B:

INTRODUCTION

A good number of analog to digital coding
schemes exist, the most common being linear
PCM. With adequate sampling rate and number of
quantization 1levels very high quality is
obtained. This has become the system of choice
for both professional and for highest quality
consumer use. However there are many applica-
tions where the complexity, performance, and
expense of PCM are inappropriate. For several
of these applications, the form of encoding
known as Adaptive Delta Modulation (ADM) has

significant merit. Properly applied, analog
noise reduction techniques overcome the
inherent performance Tlimitations of this

inherently simple and low cost technique.
o]

The theory of PCM is straightforward and
well established. If we sample at more than
twice the highest audio frequency, the signal-
to-noise ratio_of a linear PCM system can be
expressed asdl.5 x 2N ,» where n is the number of
bits per sample. Examples of typical systems
are the digital compact disc which quantizes to
16 bits at 44.1 kHz and the EIAJ format for
recording PCM on video cassettes which employs
14 bit quantization at 44.1 kHz. These systems
have bit rates of about 700 kb/s
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AN ECONOMICAL HIGH PERFORMANCE DIGITAL CODING SCHEME

and 600 kb/s, and costs associated with conver-

sion to accuracies better than .006% and
.0015%.
In order to reduce both cost and bit-rates,
companding techniques have been often been
applied.

a) Analog companding. Inadequate PCM systems
(e.g., 10 bit) can be combined with analog
companders. If the noise reduction system
is well designed, this approach can work
satisfactorily.

b) Instantaneous digital companding. If the
ana]og signal has been quantized to a high
precision (14-16 bits), the transmitted
bit-rate can be reduced by sending the
samples with full resolution only when
they are small in magnitude (low level
signals). Larger samples are sent with
coarser resolution, and quantizing error
is therefore increased.

c) Block digital companding. This is similar
to b) above, but the reduction in resolu-
tion occurs over blocks of data (e.g., 16
or 32 samples) 1in accordance with the
magnitude of the biggest sample within
each block. This method gives a greater
saving in bit-rate.



Digital companders resemble analog wide-
band companders in that the level of the quant-
izing error rises as the signal level rises,
and the spectrum of the Qquantizing error is
independent of the nature of the signal; that
js, digital companders are fundamentally
susceptible to audible noise modulation. Since
the spectrum of the quantizing error from a PCM
system resembles white noise, which to the
human ear is predominantly high frequency,
noise modulation is most likely to be audible
in the presence of low frequency signals. Our
experiments have shown that if the noise above
2 kHz rises to worse than 65 to 70 dB below
full-scale in the presence of say a 200 Hz
full-scale signal, then noise modulation will
be audible on critical musical material. With
moderate amounts of pre- and de-emphasis this
requirement can be met if the minimum resolu-
tion in the presence of full-scale signals
corresponds to a 10 bit system.

The British Broadcasting Corporation's
NICAM 3, a block range-switching scheme with
initial quantization to 14 bits, digitally

companded to 10 bits with pre-emphasis, is an
example of an optimized system. Digitally com-
panded systems whose resolution drops below 10
bits can be expected to give audible noise mod-
ulation under critical conditions.

Digital companding schemes are
unattractive for consumer applications because
they retain the cost disadvantages of linear
PCM, resulting from the need for 14 or 16 bit
converters, and the required bit rates remain
moderately high (a minimum of about 320 kbits/s
per audio channel if noise modulation is to be
avoided).

Figure 1:
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DELTA MODULATION

Delta modulation (DM) can be considered as

a special case of differential PCM in which
only one bit gquantization is performed at a
high clock rate. DM is a signal following

system. The DM decoder steps up or down with
each incoming bit. An encoder is made from a
decoder with the addition of a comparator.
Figure 1 shows a simple encoder and decoder.
The theoretical SNR of a simple DM system is

N= 153:_

a7

F3/2
fmfsm

where fm 1is the frequency of a sine-wave at
full scale, fs is the audio bandwidth, and F is
the sampling frequency. The equality applies
when there is no correlation between successive
samples; in practice the sampling frequency F
is normally much greater than 2fs, so that
there is always a high degree of correlation.
The resulting value of N is typically 2-3 dB
better than that calculated from this formula.

The full scale signal level of a DM system
falls at 6 dB/octave with increasing signal
frequency; the system is slope limited. A DM
system operating at a bit rate on the order of
200-500 kbits/s will have a SNR considerably
inferior to a PCM system operating at the same
bit rate. Figure 2 shows the quantizing error
of a DM system relative to the level of a full-
scale signal as a function of the signal
frequency with a sampling frequency (and thus
bit rate) of 250 kHz. The dotted line shows
the equivalent information for a PCM system at
a similar bit rate (8 bit, 32 kHz).

OUT

Basic Delta Modulation System



ERROR_FEEDBACK

A well known flaw of DM is that the guant-
izing error resulting from sine-wave inputs
does not resemble random white noise, but con-
tains discrete frequencies, or birdies. Error
feedback is a technique where the output of an
imperfect transmission path 1is compared with
its input and the discrepancy due to the imper-
fection is added to the input signal in such a
sense as to reduce the discrepancy. Since DM
is a grossly oversampled system much of the
quantizing error lies above audio frequencies.
The application of error feedback in the audio
band reduces the quantizing error (including
the birdies) at audio frequencies at the
expense of increased error at frequencies above
audio where it 1is of no significance. In
practice, birdies are reduced to inaudibility
and audio band noise is reduced by about 10 dB
as shown in Fig. 2.

COMPANDED DM

The dynamic range of DM can be improved by
the application of companding techniques. An
ideal compander would adjust system gain so
that the signal is always converted at full
scale, whatever its amplitude or frequency
content. This objective cannot be achieved by
an analog compression-expansion system control-
led by the analog signal itself, since it
implies an infinite compression ratio, and
therefore an infinite expansion ratio
(requiring infinite precision for proper
tracking). A digital (or quantized) compander
in which the step-size adopts one of a discrete
number of values, can provide an approximation
to the 1ideal characteristic. Unfortunately
this requires very high precision, comparable
with PCM system, because errors in step-size
lead to discontinuities in the slope of the re-
produced audio, and hence additional error.

Frequency of a full-scale signal, Hz

Figure 2. Ratio of maximum signal to noise as function of

frequency of a full-scale (sine-wave ) signal.
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However, by using a hybrid analog-digital
approach, an almost ideal characteristic is
achieved. The step-size

i : is made continuous]*
variable at a syllabic rate under the contro

of the bit-stream. When the data contains long
strings of 1l's or O0's, indicating that the
coder is lagging behind the input signal, the
circuit tends to increase the step-size until
the strings are broken up. The step-size
varies in accordance with the short term peak
value of the slope, adapting so that the modu-
lator is always close to full-scale. High pre-
cision is not required as discrepancies between
the encoder and decoder lead to a small low
frequency amplitude modulation of the signal.
An  unusual property of Adapting Delta
Modulation (ADM) is that there is no inherent
maximum or minimum of the control signal level,
so in theory the dynamic range is infinite. 1In

practical circuits limitations are introduced
by amplifier noise sources and power supply
rails.

PROGRAM-ADAPTING PRE-EMPHASIS

The subjective performance of ADM with
error feedback can be enhanced by a program-
adapting response shaping system. Consider the
following signal conditions:

a) When signal amplitudes are small, high
frequency emphasis in the coder and de-
emphasis in the decoder can improve the
subjective noise level by reducing the
noise power in the part of the spectrum
where the human ear is most sensitive.

b) When the input signal contains Tlarge
amplitudes at Tlow frequencies alone, a
degree of low frequency attenuation in the
coder, and corresponding- boost in the
decoder reduces the extent of step-size
adaptation and therefore reduces the
change in high frequency noise due to the
increases in step-size.
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c) When the signal contains high amplitudes
at high frequencies, the effect of both
the high frequency emphasis and low fre-
quency attenuation 1in the coder is to
boost the low frequency noise in the re-
produced signal; it is therefore desirable
to reduce these response changes, or even
to invert their directions.

Hence a family of emphasis characteristics
of the form shown in figure 3 give good
results. Since the significant factor in de-
termining the required characteristics is the
slope of the input signal, which in turn is
directly proportional to the step-size, it is
possible to control the emphasis with the same
information (derived from the bit-stream) that
controls the step-size.

As with any signal-controlled syllabic
compander, the adapting pre-emphasis of ADM
might be expected to display a lag between the
onset of a large amplitude signal and the
adaptation of the c¢ircuit, with a resultant
need to compromise between speed of response
and modulation distortion. In the adaptive
pre-emphasis this compromise is greatly reduced
by using a two-path configuration, in which the
pre-emphasized components of the signal present
in both encoder and decoder are subjected to
non-Tinear complementary overshoot suppression,
similar to that used in the Dolby analog noise
reduction systems.

Anal
control

PRACTICAL IMPLEMENTATION

Figure 4 shows _the block diagram of a
practical encoder. The decoder would use the
same functional blocks except that the compara-
tor (10) and the error feedback (8 and 9)
blocks are not required. This system has been
built using standard off-the-shelf op-amps and
CMOS logic. For mass production a large scale
I.C. is envisioned. A feasibility study con-
ducted for us by Silicon Systems Inc., the
California IC company known for its expertise
in switched capacitor techniques, has concluded
that the whole converter can, be condensed to
one chip with an area of 20mm2, requiring only
a few non-critical external capacitors and a
source of clock. The I.C. would be capable of
switching between encode and decode modes.

PERFORMANCE

The frequency response of the system is
determined almost entirely by the input and
output filters, which can be simple two- or
three-pole low pass filters. Assuming a sampl-
ing frequency of 250 kHz, a response up to
16 kHz {or even 20 kHz) can be achieved.

The overload point of the system is deter-
mined by the supply rails. The noise level is
proportional to the leve. of the control
signal, which in principle can decay to zero
yielding an infinite dynamic range. Practical
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circuits of course contain noise sources so the
control signal will remain large enough to en-
code the encoder's own noise sources into the
bit stream. The combination of the encoder and
decoder amplifier noise sources 1limit the dyna-
mic range. Using typical I1.C. op-amps the
dynamic range is on the order of 100 dB.

Since the noise is a function of the sig-
nal (as with any companded system, analog or
digital), the signal-to-noise ratio is not the
same as the dynamic range. Realistic assess-
ment of noise 1in the presence of signals
requires consideration of masking. We have
made measurements of high frequency noise in
the presence of low frequency signals, and low
frequency noise in the presence of high fre-
qguency signals. Figures 5 and 6 give examples
of these measurements, together with the Tlimits
of audiblity. It is apparent that the noise
modulation is unlikely to be audible on criti-
cal material. For perspective, calculated
points for the NICAM 3 system are indicated.

-60 -J
P anarl U1 11 B b et -
-70 —f * «— NICAM 3
-«— dcadm
-80 —4
Noise {dB)}
2kHz-10kHz
-90 T
-100
T T T T T
-a0 -30 -20 -10 0
Input level at 200 Hz, (dB)
Figure 5: High frequency noise v level of low frequency signal
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Figure 6: Low frequency noise v level of high frequency signal
(measured results, 0dB = full-scale)

Figure 7 shows the dynamic performance of
the system. The test signal is a high frequen-
cy transient. The overshoot suppression elimi-
nates the normal transient distortion resulting
from the finite response time of a syllabically
adapting system; the rounding at the beginning
of the tone burst is largely the result of the
low pass filters.

DIGITAL DATA ERRORS

The reason for converting audio signa!s
from an analog into a digital representation is
to assure more reliable transmission of the
signals, since digits may be transmitted wjth
essentially no error. Error free transmission
has a price however, in that excessive amounts
of bandwidth or power may be required. Since a
practical system should be designed for ef-
ficient use of the channel, there will typical-
1y be some finite error rate.

Digital errors may be dealt with in
several ways. If the error rate is low enough,
the errors may simply be ignored, and the re-
sulting sound quality degradation tolerated.
One method to deal with the errors is to detect
which bits are in error by means of a parity or
algebraic check code. The unreliable bits can
then be detected and discarded (turning the bad
data into erasures instead of errors) and some
type of error concealment can be employed in
the DAC. The ideal method of handling errors
is to transmit extra redundant bits along with
the audio bits so that errors may be detected
and actually corrected in the digital domain.
However, an Error Detection And Correction
(EDAC) system entails considerable complexity,
and will itself fail when the raw error rate is
sufficiently high, thus requiring error con-
cealment in the DAC. In the design of a digi-
tal transmission system the effect of digital
errors on audio quality should be considered.
The nature of the degradation of various types
of A-D-A conversion systems when subjected to
digital errors can have a significant impact on
overall system design.
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The effect of digital data errors or era-
sures on PCM systems is well known. An isolat-
ed one bit error can result in an impulse of
amp litude ran?ing from negligible (for an LSB
error) to half of full scale (for an MSB error)
as shown in figure 8. &Even a low error rate
can obviously have a severe impact on a PCM
system. Isolated erasures, however, can be
handled quite comfortably by a PCM system since
straight forward linear interpolation can re-
place an erased value. Provided these erasures
do not occur too frequently, the effect of this
error concealment is quite innocuous. Linear

employed so that a burst error is transformed
into a repetitive error.

The effects of digital errors or erasures
on an ADM system are quite different from a PCM
system. An isolated one bit error will cause
the decoder to integrate in the wrong direction
for one clock cycle, as shown in figure 9.
This has the effect of adding a small step to
the audio waveform. The amplitude of this step
is never large because every bit has equal
weight--one quantum of resolution. Addition-
ally, the spectrum of this disturbance is sub-

interpolation can only conceal isolated era- jectively Tless annoying than that with PCM
sures and not burst erasures; if burst erasures since it 1is shifted towards lower audio
are likely to occur, interleaving 1is wusually frequencies.
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Figure 9b: Error generated by a one bit DM error
{The error decays at a rate set by the integrator leak)




The innocuous effect on reproduced audio
of an ADM bit error can yield some very great
system advantages. Consider a digital trans-
mission system with a bit error rate of 1E-5.
This would lead to very audible impulses occur-
ring a couple of times per second with PCM cod-
ing, but would be barely audible with ADM. The
PCM would require some form of error control in
the transmission system; the ADM would not.

APPLICATIONS

The performance of a digitally controlled
ADM system with program-adapting pre-emphasis
as described are similar to those of an opti-
mally designed digitally companded PCM system
such as NICAM 3. However the ADM operates at a
somewhat Tlower bit-rate (250 kbits/s vs. 322)
and eliminates the need for the expensive 14-
bit converters and high-order anti-aliasing
filters. The ADM tolerance for errors means a
perfect transmission channel is not required.
ADM 1is therefore very attractive for consumer
applications, including direct distribution of
program to the home via cable.
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Cable Signal Leakage: Where is it all going?

John P. Wong

Cable Television Branch, MMB

Federal Communications Commission

ABSTRACT

Peaceful co-existance, that's the key! It
has been more than a dozen years ago since cable
television operators, in search of additional chan-
nel space, expanded into the frequency spectrum
between television channels 6 and 7 (midband).
During the same time period the Federal Aviation
Administration (FAA) expressed concern about the
potential problems associated with cable's usage
of the midband and superband (specifically the
frequency bands between 108 - 136 MHz and 225 ~
400 MHz).

cable is a closed system, cable doesnot make air-

The cable industry's battle cries of:

planes fall out of the sky, and the FAA should
police its own before coming down upon innocent
cable operators, have all been heard. The pros and
cons of the issue have been considered, but still
there has yet to be found an acceptable solution to
the problem.

By delving into the past, and looking at the
present, the author will suggest a compromise solu-

tion for this troublesome problem that is going well

into its second decade.

INTRODUCTION

Cable Signal Leakage: Where has it been?, Where is

it going?
Answering the above questions tactfully while

maintaining a regulatory stance has not been easy

for the Federal Communications Communication (FCC).
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Nonetheless, because of the potential "safety of
life" question associated with the cable signal leak-
age issue, the FCC must confront the issue and estab-
lish a workable regulatory policy.

Since the early 1970's, the FCC, the FAA, the
National Telecommunications Information Agency(NTIA)
and the Cable Television Industry, independently and
collectively, strived to work toward a viable solu-
tion to the cable signal leakage dilemma. The results
of the various experiments performed appeared to pro-
duce a satisfactory middle ground. However, at the
most inopportune times, cable signal leakage related
interferences would occur. Inevitably, these incid-
ents would raise new questions which would result in
a revisit of the compromise.

The last round of exchanges between the cable
operators and the government regulators had been
fierce with both sides determined to stand their
grounds. The battle may be short lived, because
despite the opposition, the Commission is compelled
to rely upon the past performances of the cable
operators to set the appropriate regulation on this

sensitive issue.

WHERE HAS IT BEEN?

The following is a summary of the history of

events on cable signal leakage.

1971 - The FAA became concerned with cable's use
of aeronautical navigations and aeronaut-
cal communications frequencies.

1972 - The Office of Telecommunications Policy

(OTP) of the Department of Commerce ex-



1974

1975

1976

1977

pressed their concern to the FCC. The

OTP proposed usage restrictions on cable
operators and at the same time commission-
ed the Institute of Telecommunications
Studies (ITS), now National Telecommun-
ications and Information Administration
(NTIA), to investigate the concern.

In the same year, the FCC initiated rule-
making (36 FCC 2d, 143 (1972)) sans spec-
ific restrictions on cable operators.

The FCC cited the lack of an actual inter-
ference report and the minimal interfer-
ence probability as its reasons for not
imposing restrictions.

The ITS issued its report demonstrating
that various combination of events may
result in interference to aeronautical
radio users.

The FCC issued a public notice indicating
cable's potential for interference to
aeronautical usage.

First documented case of interference to
to aircraft frequencies discovered over
Harrisburg, Pa. The cable operator was
using the same frequency as the affected
aeronautical channel and the cable system
was not in compliance with the then ex-
isting FCC radiation limits.

The OTP requested immediate action by the
FCC to eliminate future occurrances.

The FCC released the first Notice of Pro-
posed Rulemaking (NPRM), Docket 21006,
(61 FCC 2d 1022 (1976)), on cable signal
leakage interference prevention.

The OTP responded to the FCC on the NPRM.
In its comments, the OTP didnot request
the cable operators to vacate the aero-
nautical radio bands while studies of the
problem is underway.

In its comments, the FAA requested the
ban of all cable operations in the aero-
nautical bands until adequate rules were
developed and more importantly, were en-
forceable.

The FCC adopted the interim rules

(47 CFR 76.610 -76.613). The rules did-

1978 -

1979 -

1980
Mar -

Sep -
Sep -
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not ban cable usage within the aeronautical
bands but did required distance separation
and frequency offset by cable operators in
those bands.

The

nterim rules became eftective.

The Advisory Committee on Cable Signal Leak-
age

The

were formed to investigate the issue.
committee comprised of the FCC, FAA,
NTIA, cable industry representatives and pri-
vate aviation interest groups.
Second documented case of interference from
cable leakage occurred over Hagerstown, Md.
It was an on-frequency interference to an
identification channel

(VOR) .

of a VHF Omni-Range

The cable system was in violation

of the interim rules and didnot meet the FCC's
radiation limits.

Third documented case interference to a low
altitude en route communications channel

over the vicinity of Oxnard and Ventura, Ca.
There was no frequency separation between the
cable frequency and the air-communications
channel. The cable operator was again in
violation of the interim rules and the es-
tablished radiation limits.

Fourth documented case of interference oc-
curred over Wilmington, NC to an approach
control communications channel. This was
also an on-frequency interference from the
cable system. The system was in violation
of the interim rules and exceeded the Com-
mission's leakage standards.

The Final Report of the Advisory Committee

on Cable Signal Leakage was released.

Based upon the conclusions of the advisory
report, further NPRM (Docket 21006) was re-

leased by the FCC for comments.

The comments on Docket 2100€ were completed.
Fifth documented case of aeronautical inter-
ference occurred in a high altitude (25,000~
40,000 ft) en route sector within the vicinity
of Flint, Mi. The cable frequency used was
not offset from the air communications channel,

Once again, the cable system was not in com-

pliance with the FCC's Rules.



Dec

1981
Feb

Feb

Feb

Mar

Apr

Aug

Nov

Nov

1982
Jan

Mar

Mar

Aug

The FCC's Cable Television Bureau (CATV
Bureau) enacted forfeiture procedures on

signal leakage from cable systems.

The FCC amended its interim rules to forbid
cable usage of aeronautical frequencies with-
out prior clearance by the Commission.

The CATV Bureau directed the FCC's Field
Operations Bureau (FOB) to randomly inspect
cable systems nationwide for compliance
with the interim rules.

The CATV Bureau requested assistance from
the Data Automation Division (DAD) of the
Office of Managing Director and the Office
of Science and Technology to formulate an
aeronautical frequency notification pro-
cessing system (AFP-CABAL).

The enforcement branch of the CATV Bureau
directed numerous cable operators to vacate
channels already in use within the aeronaut-
ical bands until compliance with the rules
has been met.

FCC fined three cable systems a total of
thirty seven thousand and five hundred
dollars ($37,500) for violations to the
interim rules and the radiation standards.
Initial AFP-CABAL system completed.

The FOB was directed to step-up the cable
inspections program on aeronautical frequen-
cy usage.

The American Radio Relay League (ARRL) and
numerous other amateur radio groups filed

complaints of interference to their bands

by cable operators to the FCC.

A petition for rulemaking was filed by the
ARRL. Within the petition, the ARRL request-
the prohibition of cable operation on the
Amateur Radio Service frequencies (HAM).

FCC released rulemaking RM-4040 in reply to
the ARRL petition.

The draft action plan to automate AFP-CABAL
approved.

The FAA requested the FCC for assistance to
investigate the source of interference to

an Instrument Landing Station (ILS) in Flor-

ida. The interference had rendered the ILS
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inoperable for approximately forty five (45)
days. The interference was not pinpointed
to cable signal leakage, but did mischievous-
ly disappear when the local FOB field office
queried the surrounding cable systems on
aeronautical frequency usage.
Oct - A cable system in California was fined for
excessive leakage and interference to area
HAMs.
Oct — Various cable systems in California was re-
quested to vacate cable channel H in view of
interference to a fire patrol frequency used
by the Forestry Service.
Nov - CATV Bureau requested the FOB to perform
Phase I1 inspections and continue enforce-
ment of the cable signal leakage program.

1983
Jan - FCC wanted to go forward on Docket 21006 with

changes.
Apr - AFP-CABAL system ready for testing and subse-

quent implementation.

WHERE IS IT NOW ?

FCC Rules

At the present time, cable operators have to

abide by the following FCC Rules and Regulations.

Section 76.605(a)(12) (47 CFR 76.605(a) (12))
Technical Standards.

a) radiation limit of 20 microvolts per meter at
ten feet for frequencies from 54 - 216 MHz.

b) for all other frequencies, the limit is 15
microvolts per meter at 100 feet.

Section 76.609 (47 CFR 76.609) Measurements

a) methods and procedures for radiation measure-
ments.

Section 76.610 (47 CFR 76.610) Operation in the
Frequency Bands 108 -136 MHz and 225 - 400 MHz.

a) applicable to all carriers and subcarriers
with peak power levels of 10 microwatts (28.75
dBmV) or above on the cable distribution
system.

1) cable operator must notify Commission an-
nually of all frequencies carried.

2) clearance of frequencies must be obtained



prior to carriage on cable system.

3) Cable operator must monitor and maintain a
leakage log encompassing the entire system
once a year.

4) Cable systems within 60 nautical miles of
aeronautical radio stations must have the
following offsets:

a. 100 kHz + tolerance (T) in the air com-
munications bands (118-136 MHz, 225-
328.6 MHz and 335.4-400 MHz).

b. 50 kHz + T for the air navigational bands
(108-118 MHz and 328.6~335.4 MHz).

5) If an assignment of an aeronautical radio
frequency occurs within 60 nm of the cable
system (drop-in), the cable operator would
have thirty (30) days to resolve the new
conflict.

Section 76.611 (47 CFR 76.611) Operation Near Cer-
tain Aeronautical and Marine Emergency Radio Fre-
quencies.
a) cable carrier frequencies greater than ten
microwatts are prohibited:

1) within 100 kHz of the universal S.0.S. freq-
uency 121.5 MHz.

2) within 50 kHz of the two emergency frequen-
cies 156.8 and 243.0 MHz.

Section 76.613 (47 CFR 76.613) Interference from
a Cable System.
a) definition of harmful interence
b) responsibility of cable operator to eliminate
the harmful interference.
c) Engineer In Charge (EIC) of the local field
office may issue a '"'cease and desist" order

"

in situations of "safety of life" and pro-

tection of property.

Waiver of Section 76.610 (47 CFR 76.610)

At the time of the writing of this paper, the
FAA has indicated that they probably would not object
to a waiver of Section 76.610 of the FCC's Rules if
the following criteria were met.
a) the proposed usage is at least 10 nm outside the
service volume of the aeronmautical radio station.
b) the frequency offset is at least 30 kHz and the
cable frequency stability is maintained at

5 kHz or less.
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FCC Compliance

The vigorous enforcement of the reporting criter-
ia of Section 76.610 of the rules began shortly after
September, 1980. This step-up in enforcement activity
was in response to the claim of the FCC's lack of en-
forcement of the aeronautical rules coupled by the
earlier interference events.

The enforcement actions included two types of
inspections (Phase I and Phase II). A Phase I inspect-
ion is described as a "paper inspection' by the FOB
inspectors. In a Phase I inspection, FOB field off-
ices are directed to randomly select cable systems
for inspection. The inspectors would visit the cable
systems and ask whether the system is operating in
the aeronautical bands. If the system is using aero-
nautical frequencies, they are requested to produce
documentation which would satisfy Section 76.610 of
the rules. If documentation cannot be produced, the
cable operator would be make aware of the violation.
The inspector would be recording the usage and would
submit the report to the Enforcement Branch of the
CATV Bureau for forfeiture actions. While the in-
spectors are at the system, they are also to check
for compliance with other areas of the cable rules
(e.g. radiation leakage). In a Phase II inspection,
the FOB inspector would actually "walk" the system
and measure for leakage along the cable plant. The
results are again forwarded to the CATV Bureau for
follow-up actions. Usually, a Phase II inspection is
selected at random by the individual field offices.
However, these inspections could also be a result of
an earlier Phase I inspection or triggered by com—
plaints on the cable system.

In 1981, FOB inspected over 180 cable systems
for Phase I compliance. A review of the reports in-
dicated the following: twenty eight percent (28%) of
the systems inspected that were operating within the
aeronautical bands didnot report their usage to the
Commission, twenty seven percent (27%) of the cable
systems were not using the critical frequencies,
and thirty percent (30%) of the system had complied
with the reporting criteria as required by Section
76.610 of the rules.

In 1982, 285 Phase 1 inspections were conducted
by the FOB field offices, the results of these in-

spections indicated that eleven percent (11%) of the



the cable systems still didnot comply with the report-
ing criteria of the rules, thirty four percent (347%)
were not using the aeronautical frequencies and

fifty five (55%) percent had reported usage.

Since the middle of 1981, there had been approx-
imately forty Phase II inspections conducted by the
FOB field offices. The resulting data indicated
that only six percent (6%) of the systems had little
of no leakage. Conversely over thirty four perceat
(34%) of the cable systems measured had leaks that
would result in cumulative leakage indices of great-
er than 64 (refer to the Final Report of the Advisory
Committee on Cable Signal Leakage released in 1979).
If we were to draw our conclusion from the report,
these cable systems would have a ninety percent (90%)
chance of causing "harmful interference", as defined
in the same report, to aircraft flying at altitudes
of 1500 feet.

Since the intensification of the FOB inspect-
ions, approximately 600 cable operators had volun-
tarily disclosed their violation of the notification
requirements in hopes of expedious processing on
their frequency usage notifications. Of these 600
disclosures, at least seventy percent (70%) had to
vacate certain channels within the aeronautical
bands at one time or another. During that same
time period, there had been close to two thousand
(2000) waiver requests for frequency offset require-
ments of the Rules.

Up until now, the Commission had levied fines
for violation of the interim rules and leakage stand-
ards to sixteen (16) cable systems. These fines to-
tal to one hundred twenty five thousand dollars

($125,000).

The Aeronautical Frequency Processing System

(AFP-CABAL)

The AFP-CABAI, system was originally designed to
handle the voluminous number of notifications which
the then CATV Bureau had to review for aeronautical
conflicts. However, the exponential increase in the
number of notifications and the retention of the
manual files had became too tedious for the limited
staff. The automation of the AFP-CABAL system would

relief the laborious tasks associated with the up-
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keep of the aeronautical files. In addition, it would
serve to complement the enforcement actions as well
as give rapid responses to the various agencies that
from time to time requested assistance on these
cable aeronautical matters.

The main objectives of the automated system is
as follows:

a) maintain a data base of all aeronautical noti-
fications and their related actioms.

b) generate responses for all aeronautical requests.

c) allow users to rapidly retrieve and/or update
information.

d) permit other users access to selected informat-
ion. Initially, the other FCC Bureaus and the

FAA, then access on a limited basis will be
available to the public.

e) automatically process aeronautical frequencies
used by cable systems within the data base
against changes in assignments by the FAA or
DoD (drop-ins) and notify operators of the new
conflicts.

f) ability to generate statistical reports as
needed (e.g. so the author does not have to
tabulate through the paper files as he did on
this paper).

The extension of the AFP-CABAL system would
ensure the other regulatory agencies and indicate
to cable operators of the FCC's commitment for con-

tinuing monitoring and enforcement of the FCC's

cable aeronautical rules.

WHERE IS IT GOING ?

According to statistics compiled from informat-
ion filed by cable operators on FCC Form 325, as of
October, 1982, there were 470,000 strand miles of
cable in this country. From the same set of data,
the total number of reported cable systems amounted
to 5100 serving over 12,000 communities. Of these
5100 cable systems, about one-third of them indicated
the use of aeronautical frequencies.

These numbers would most certainly increase as
the cable television industry heads into a rebuilt
period. The rebuilt systems are likely to utilize
frequencies within the aeronautical and amateur radio

bands. As the number of cable users in these bands



increase, the likelihood of interference are also
bound to increase. If cable operators are not care-
ful, the over-the-air user groups can and will exert
tremendous pressure on the Commission to ban cable
operators from venturing into their frequencies.
Cable operators should recognize that they are the
secondary users and not the other way around. The
FCC's rules at this time require cable operators

to eliminate harmful interference if and when it
occurs. Until cable operators can prove themselves
a "closed system", they will have to appease their
over-the-air counterparts. The Commission will
most likely never entirely ban cable's use of the
troublesome frequencies but it can make it

more difficult rather than easier for cable opera-

tors.

Compromise Solutions

The issue of cable signal leakage interference
to over-the-air users should be broken into two
separate parts. The first and more important port-
ion is aeronauticals and cable. It appears that
all the documented cases of aeronautical interfer-
ence occurred without any frequency offset between
the cable carrier used at the time and the aero-
nautical channel. It also seems that all the
cable interfering carriers are either visual or
pilot carriers with peak power levels in excess of
100 microwatts (38.75 dBmV). I believe the opera-
tion of cable carriers within the aeronautical bands
will probably not be a problem if the cable carrier
frequencies are at all times at a constant frequency
offset from the aeronautical channels (the FAA and
DOD channel assignments are usually 25 kHz apart).
If this offset is kept constant, then the threshold
power levels can be increased to 38.75 dBmV. This
will eliminate more than half of the concerned
cable carriers (e.g. aural and data carriers).

The best incentive of all, cable operators can lose
their constant fear of drop-ins by the FAA or DOD.

There is at all times an offset from the new
assignments. Of course, more frequent and more
diligent monitoring by cable operators will ensure
the "closed system" that cable should be.

The second portion is cable and the other over-
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the-air users. This issue should not be too diffi-
cult to handle if the diligent monitoring program is
is maintained by cable operators. Outside of keep-
ing the cable system tight, better cooperation with
the over-the-air users (especially the HAM's) will
most likely to relief the present hostility between

the various groups.

CONCLUSION

Peaceful co-existance between cable operators
and their over-the-air counterparts can certainly
be a reality provided cable operators are willing:
to keep their systems tight, are willing to "give
in" and slightly offset their carrier frequencies
within the critical bands, and finally 'talk to"

and cooperate with other users on interference

prevention and elimination.
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CABLE STEREO .. PERFORMANCE AND SECURITY ISSUES
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ABSTRACT

The past three years have seen some exciting
developments in audio related services to the cable
industry. In previous papers (NCTA 1980 and 1981)
I have given background and insight to the emerging
field and many of those early predictions are
starting to become reality. The purpose of this
paper is to review the key technical elements re-
garding stereo audio transmission with special
emphasis on cable plant signal degredation and
security of premium audio signals.

INTRODUCTION

There are three current activity areas that
are drawing cable audio to increased prominance.
They are:

1. Cable Stereo TV Simulcasts -~ MTV was the
first video service to agressively promote
stereo audio as an important element of
the total entertainment experience. Other
services are transmitted in full stereo
(The Nashville Network, The Movie Channel,
The Disney Channel, all Canadian Pay TV
Services, etc.) and the cable industry
has come to recognize the consumer appeal
of stereo TV audio. While the broadcast
industry is still floundering over tech-
nical standards for TV stereo, the cable
industry has provided subscribers with
this service since 1981.

2. Satellite Audio Techniques - Delivery of
stereo TV audio necessitated the develop-
ment of satellite transmission systems
that could provide high quality stereo
with no impact to video quality. Two
systems have emerged.as dominant in this
field. The Dual Subcarrier Matrix System
is being used by MIV, The Movie Channel
and The Disney Channel. The Wegener 1600
System is being used by The Nashville
Network, all Canadian Pay TV Services, and
virtually all stand-alone audio services.
The Wegener 1600 system has become the
"De Facto" standard for spectrum efficient
satellite subcarrier transmission.

3. Audio Security - As more non-broadcast
cable stereo sources become available,
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their perceived consumer value as a group
has increased significantly. Many cable
operators are exploring the idea of secur-
ing the audio package to prevent theft of
service and create a new revenue stream.
1982 saw the announcement of the Wegener/
Pioneer audio security converter. This
simple device allows the cable operator to
transmit all premium signals outside the FM
band. The audio security converter then
translates the premium signals back to the
FM band. Additional discussions of this
device are contained later in this paper.

TECHNICAL CONSIDERATIONS FOR CABLE STEREO
TRANSHISSTON

Figure 1 illustrates the expected audio per-
formance of subcarrier transmissions as received in
the cable head-end. As you can see, the quality of
audio signals delivered to the head-end is very
satisfactory for both the conventional and Wegener
1600 systems. The left and right channel audio
signals are transmitted from head-end to the sub-
scriber with conventional FM stereo multiplex
techniques. The cable distribution network is the
only significant source of signal degredation.

CONVENTIONAI. SUBCARRIER 1600 SUBCARRIER

SPECLFICATION SYSTEM SYSTEM

Frequency (MHz) 6.8 6.30

Deviation on Main 2.0 95
Carrier (MHs Peak) .

Occupled Bandwidth 500 130
(kin)

Peak Audio Devistion kil 30
(ki)

Fraguancy Response + dB f;hl
(50 Hz-15 khx) -
Peak Signal to Noise 0 10

Ratio (dB)
Distortivn 4 X «iz

(BIRP = 33 dBM; Earch Btation G/T = 21.5 d8/Dey. K)

PERFORMANCE COMPARISON OF CONVEN-
TIONAL AND WEGENER 1600 'SPECTRUM
EFFICIENT" SUBCARRIER TRANSMISSION
SYSTEMS. QUALITY AUDIO IS BEING
DELIVERED TQO THE HEAD-END VIA
SATELLITE.

FIGURE 1:



Cable systems have been carrying FM signals for
many years. With regard to technical performance,
the cable plant is capable of providing essential-
ly transparent transportation of these signals.
This signal transparancy is true for most para-
meters such as frequency response, distortion,
stereo separation, etc. but is not necessarily
true for stereo signal to noise ratios. Due to
the inefficiencies in FM stereo multiplexing, the
detected stereo signal to noise ratios will range
between 50 and 60 dB (unweighted) on typical cable
systems. Figure 2 illustrates the detected stereo
signal to noise as a function of both video C/N
and FM carrier levels in dBmV. (Both measured

at the subcriber drop). For best overall per-
formance with minimal impact to system loading

we recommend a -10 dBmV drop level; which implies
a Channel 6 visual to FM stereo carrier ratio of
10 dB.

AUDIO SECURITY

With the advent of satellite delivered premium
audio signals came the obvious need to secure such
signals against theft of service. It is very
difficult to scramble an FM stereo multiplex
signal without degredation. In the interest of
simplicity and cost, Wegener Communications and
Pioneed Communications collaborated on design
parameters necessary for a 'stereo top" audio
security converter. Since no specifications exist
for such a device, we submit the specifications

on page III as being the minimum acceptable for
premium performance.

Several of these specifications deserve special
comment.

Local Oscillator Frequency - The frequency
209.7625 MHz was deliberately chosen to allow
placement of the 108-120 MHz carriers between FAA
assignments in the air navagation band from 108-118
MHz. Although not mandatory if operators operate
below the FAA 107 watt threshold, we consider it
good engineering practice. This frequency is also
12.5 kHz above the channel 12 aural carrier. This
frequency selection coupled with the =35 dBmV L.O.

leakage specification at the input port will in-
sure that no video degradation can take place to
near-by TV sets. Analysis of a typical CATV feeder
yields a worst case C/I ratio of better than 59 dB
which is more than adequate to protect the channel
12 aural carrier frequency. A well chosen local
oscillator frequency is just one small step in
maximizing design. No exotic external splitters
are required to implement this audio security
converter concept.

Noise Figure - The noise figure specification of
the Wegener /Pioneer converter is specified at

6 dB MAX. Operation in critical spectrum (108-
120 MHz coupled with marginal levels necessitates
that the converter contribute insignificant noise
levels to the detected stereo signal. Figure 4
illustrates the effect of converter noise figure
as a function of overall CATV plant parameters.

In summary, a well designed FM block converter will
contribute an insignificant additional degradation
to a cable FM stereo signal. Figure 5 illustrates
the Wegener/Pioneer frequency allocation plan for
secure audio services.

USE OF THE 108~120 MHZ SPECTRUM

Much controversy surrounds the use of 108-120 MHz
for carriage of any CATV signals. It is my con-
tention that audio services constitute a wise use
of the spectrum as long as the cable systems
strictly obey the FCC rules. The rules state that
signals present on the system in this spectrum
cannot exceed 1075 watts (+28.75 dBmV at 75 ohms).
The worst case level is typically at the bridger
output and is typically +48 to +50 dBmV at the
highest frequency of interest. With a slope of
approximately 6 dB from the highest frequency of
interest to 108 MHz, the maximum output of an
equivalent visual carrier would be +42 to +44
dBmV. To be legal, the FM carrier must be run
13.25 to 15.25 down from the equivalent level of
a channel A-1 visual carrier. Since CATV plant
system designs vary, the exact point of legal
threshold must be established for each system.

SUBSCRTIBER NDRNP CARRIER LEVEL

Video C/N 0dBmV -5dBmV ~10dBmV -15dBmV —20dBmV -25dBmV ~30dBmV ~40dBmV
40 64.5 (68)] 60.5 (68)] 56.5 (68) 51.5 (67.5)47.5 (66) 42.5 (62) 39 (58) |33.5 (47)
42 64.5 (68)| 61.5 (68)] 58.5 (68) 53 49 (66.5) 45 (63.5) {40.5 (62) |34.5 (56)
44 65.5 (68)] 63.5 (68)| 59 (68) 54.5 (68) 51 (66.5) 46 (65) 42.5 (63.5)37.5(57.5)
46 66 (68) | 64 (68) | 60.5 (68)] 56 3.5(67) 47.5(65.5, 44 (64) | 38 (59.5)
48 66.5 (68) | 64.5 (68) L6l.5 (68) 57.5 (68) 3.5 (68) 49 (66) |46 (64) | 40 (60.5)

FIGURE 2

DETECTED STEREO S/N RATIO -UNWEIGHTED AS A FUNCTION OF VIDEO C/N.

(MONO S/N IN

PARENTHESIS FOR REFERENCE) SUBSCRIBER STEREO AUDIO QUALITY IS A FUNCTION OF CARRIER

INJECTION LEVEL AND PLANT C/N.



In most cases,

out FAA/FCC coordination.

the level will be 15 to 17 dB down
from visual carrier level for legal operation with-
I personally recommend
that all CATV systems using 108-120 MHz for audio
coordinate all frequencies of interest whether or

not operating above or below the legal threshold.
Operating without coordination of level considera-

tion is a blatant violation of good business

ethics and definitely not encouraged by the manu-

facturers involved.

WEGENER/PIONEER PREMIUM FM AUDIO
BLOCK CONVERTER SPECIFICATIONS

Input Frequency

Normal
Premium

Output Frequency
Normal
Premium

Input Level

Gain

Normal
Premium

Spurious Levels at Output

Feed Through Isolation

Noise Figure

Image Rejection

Return Loss (Input & Output)

Local Oscillator Frequency

Local Spurious at Output

Local Spurious at Input

Hum Modulation

Frequency Stability

Frequency Response Flatness
Normal
Premium

Operating Power

Temperature Range

Channel Capacity (Premium)

88-108 MHz
108-120 MHz

88-108 MHz
88-100 MHz

-10 dBmV Nominal
04+ 1dB
1 B +

0d 5 dB

-60 dB Nominal
-50 dB Max

-60 dB Nominal
-50 dB Max

6 dB Max

60 dB Nominal
50 dB Min

10 dB Min
209.7625 MHz
-15 dBmV Max
-35 dBmV Max
55 dB Max

+ .005% Crystal
Controlled

1+1+

w N
[aPy o
[~ -]

120 VAC + 10%
60 Hz + 10%

+ 5 to 40°C

30 Max at 400 kHz
Spacing
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Connectors

Switch Function

(3) 75 ohm "F"
Female Connectors
Cable Input, Tuner
Output, Antenna
Input

3 Functions: (1)
Antenna (2)
Regular FM, (3)
Premium FM

Feed Through Isolation

Antenna to Input or Output 60 dB

Housing Details

FCC Compliance

Pioneer BC-Series
housing with
tamper-proof
screws

Unit meets FCC
Part 15 and Part
76 radiation re-
quirements.

Subcarrier’'s
M Antenna

Input l

Input
\i_J“——*Output to
Subscribers
Mixer r——1 FM Tuner
r— —, T—J
|

Input Filter

OQutput Tilter

[

Crystal Controlled
Local Oscillator
209.7625 MHz

FIGURE 3:

THE WEGENER/PIONEER AUDIO
SECURITY CONVERTER FUNCTIONAL
BLOCK DIAGRAM. LOCAL OSCILLATOR
FREQUENCY IS DISCUSSED IN THE
ABOVE TEXT. NOTE ABILITY TO
PATCH SUBSCRIBERS OFF AIR ANTENNA
TO ELIMINATE NECESSITY OF A/B
SWITCH.



Input Video C/N = 44 dB C/N of Device = 51 dB

Input FM C/N = 42 dB (=72 dBmV - 6 dB -1 =
_ - -15 dB = 51 dB)
_ = —— NF = 6 dB >
(44 dB + 13 (BW) -15 = 42) — Output C/N at FM =

41.5 dB

Audio Carrier is 15 dB
Down from Visual

Wegener /Pioneer
Audio Security Converter

FIGURE 4: EFFECT OF CONVERTER NOISE FIGURE AT TYPICAL OPERATING LEVEL. CONVERTER
DEGRADES STEREO S/N BY .5dB IN THIS EXAMPLE.

Ch. Designator Cable Freq. FM Output Freq. Ch. Designator Cable Freq. FM Output Fregq.

PWl 108.0625 101.7 PW31 114.0625 95.7
PW2 108.2625 101.5 PW32 114.2625 95.5
PW3 108.4625 101.3 PW33 114.4625 95.3
PW4 108.6625 101.1 PW34 114.6625 95.1
PW5 108.8625 100.9 PW35 114.8625 94.9
PWé6 109.0625 100.7 PW36 115.0625 94.7
PW7 109.2625 100.5 PW37 115.2625 94.5
PW8 109.4625 100.3 PW38 115.4625 94.3
PW9 109.6625 100.1 PW39 115.6625 94.1
PW10 109.8625 99.9 PW40 115.8625 93.9
PW1l 110.0625 99.7 PW4l 116.0625 93.7
PW12 110.2625 99.5 PW42 116.2625 93.5
PW13 110. 4625 99.3 PW43 116.4625 93.3
PWl4 110.6625 99.1 PW44 116.6625 93.1
PW15 110.8625 98.9 PW&45 116.8625 92.9
PW16 111.0625 98.7 PW46 117.0625 92.7
PW17 111.2625 98.5 PW47 117.2625 92.5
PW18 111.4625 98.3 PW48 117.4625 92.3
PW19 111.6625 98.1 PW49 117.6625 92.1
PW20 111.8625 97.9 PW50 117.8625 91.9
PW21 112.0625 97.7 PW51 118.0625 91.7
PW22 112.2625 97.5 PW52 118.2625 91.5
PW23 112.4625 97.3 PW53 118.4625 91.3
PW24 112.6625 97.1 PW54 118.6625 91.1
PW25 112.8825 96.9 PW55 118.8625 90.9
PW26 113.0625 96.7 PW56 119.0625 90.7
PW27 113.2625 96.5 PW57 119.2625 90.5
PwW28 113.4625 96.3 PW58 119.4625 90.3
PW29 113.6625 96.1 PW59 119.6625 90.1
PW30 113.8625 95.9 PW60 119.8625 89.9

FIGURE 5: THE WEGENER/PIONEER FREQUENCY PLAN FOR PREMIUM AUDIO SERVICES.

CONCLUSIONS
The field of cable audio marches on! -- drawn provides a simple and effective means for
by the marketplace. cable operators to secure the premium
audio signals. Block converters must be
[ Satellite technology is in place today to used properly and LEGALLY since sensitive
allow premium stereo audio signals to be spectrum is being used.

delivered to the head-end.
The future of cable audio is bright!

e The use of FM stereo multiplex on cable Within the next 2 years, we will see even
provides reasonable quality with minimum more exciting developments in both hard-
cost. ware and software to allow the cable in-

dustry to provide what it does best —-—

e The block converter for audio security entertainment diversity!
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CAN OPTICAL FIBER COMPETE WITH COAXIAL CABLE?

Garold S. Tjaden

COX CABLE COMMUNICATIONS, INC.

ABSTRACT

This paper concentrates on two major issues in
comparing the optical fiber and coaxial cable media:

1. the relative capability of delivering awide
range of telecommunication services, and

2. comparison of the cost-effectiveness of the
resulting coaxial network with the most
1ikely future alternative, the switched
optical fiber network.

It is shown that the coaxial cable medium has cer-
tain natural advantages over the switched approach
which lead to significant cost advantages for the
coaxial medium.

INTRODUCTION

There are currently over 600,000 miles of
coaxial cable plant passing over 50 million homes in
the United States. It is projected that about
50,000 miles of new plant will be added in each of
the next few years, with new construction tapering
off substantially by 1988 or 1989 as all major mar-
kets are wired. It appears that existing plant is
being rebuilt at the rate of about 20,000 miles per
year (1).

Since the outside plant of a CATV system is
expected to have a ten to fifteen year useful life,
cable operators must deal with the following serious
business jssues:

1. How can profitable growth be achieved with
the existing large base of relatively new
embedded plant?

2. Is there a different medium that should be
used for future new or rebuilt plant
that will lead to a more profitable future?

Although industry growth, and growth of cer-
tain cable companies, can be achieved over the next
few years by marketing existing cable services to
the new homes passed, growth beyond this time frame
would seem to depend upon developing additional
revenue streams. Since franchising competition has
led to larger capital investments per subscriber
than a few years ago, new revenue streams are prob-

ably required just to achieve traditional returns
for new systems.
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This paper assumes that the revenue streams
of interest are most Tikely to come from enhanced
telecommunication services having wide appeal.
Delivery of such services would result in using the
CATV plant as the local loop of a wideband inte-
grated telecommunications network. Specifically
not discussed here is reduction of the operating
cost side of the profit equation for current CATV
services. This author is unaware of any way in
which using a medium other than coaxial cable would
lead to such cost reductions. Indeed, the cost-
effectiveness comparison presented later would
indicate that operating costs would be likely to
rise for other media.

BACKGROUND

A traditional cable television system has
three major components, as shown in Figure 1. The
hub, or headend, is the central collection point
for all signals. These signals are combined and
sent out over the coaxial cable plant, eventually
reaching subscribers' homes where they are con-
verted in frequency by the home terminal unit (also
called a converter) for reception by the customers'
television set.

The cable plant fans out from the hub in a
tree fashion, splitting and resplitting until all
homes are passed. This topology, called tree-and-
branch, is characterized by the fact that all of
the signals on the plant, or at least on each
trunk, pass all of the homes served by that trunk
and its branches. Thus, all bandwidth on a trunk
is shared by all of the homes served by the trunk.

A cable system built within the last few years
will use distribution plant capable of delivering
high quality television signals to all homes served
using signal carrier frequencies up to at least 400
MHz, with 440 MHz being even more typical recently.
Downstream signals (hub to home) are typically
carried on frequencies above 50 MHz, with frequen-
cies from 88 MHz to 108 MHz set aside for broadcast
FM radio. Such modern systems will also have
amplifiers installed to carry signals in the up-
stream direction (home to hub) in the frequency
range of 5 MHz to 30 MHz. As mentioned previously,
some cable systems are being constructed with two
such cables.

It is the outside plant portion of the cable
system with which this paper is primarily concern-
ed. The efficiency of this plant is related to the



installed cost and the maintenance costs. In
typical urban residential areas currently under
construction, there are about 100 homes per mile of
cable plant, and about 20% of the cable will
require construction underground. Installed costs
in 1982 dollars for such plant were about $12,000
per mile for aerial plant, and $20,000 per mile for
underground plant. Thus, the average plant cost
for each home passed by the cable was about $140.
This includes full activation of the plant for two-
way carriage of signals (about $1,000 per mile) and
equipping the plant with standby power for the
amplifiers. Maintenance costs for such plant are
in the range of $5 per home passed per year.

The two-way capabilities of CATV plant have
received relatively minor usage. The primary
applications to date have been for impulse pay-per-
view on the "Qube" system developed by Warner/
Pioneer, and for residential security alarm moni-
toring with technology developed by TOCOM, Inc. and
others.

Although the details differ, both of these
applications are similar in that communications
over the cable network is done using a polling
protocol. That is, data messages are sent down-
stream (frequency multiplexed with all the other
signals) addressed to individual home terminal
units by a computer interfaced to the cable plant,
and a data response is sent upstream by the termi-
nal unit indicating its status. Although polling
protocols are relatively inefficient in utilizing
channel capacity, for these applications and the
bandwidths available the efficiencies achieved are
satisfactory.

One of the factors motivating the use of poll-
ing protocols has been a fear that noise on the up-
stream frequencies would be severe because the
noise on each branch (or split) of the network will
be additive in the upstream direction. The approach
to dealing with this characteristic of tree-and-
branch networks has been to activate only a single
upstream path through the tree at a time using what
is called a bridger switch. These are switches
placed in the upstream inputs of each bridger
amplifier which allow the signals from only one
input to be applied to the upstream amplifier. The
closure of these switches can be synchronized with
the polling of terminal units, thereby limiting the
upstream noise while maintaining continuity. Unless
these switches are made frequency sensitive (switch-
able filters) all usage of upstream frequencies
would have to be synchronized to the polling rate,
a severe restriction.

PACKET SWITCHING ON A CATY NETWORK

Current activity in the development of two-way
interactive services is primarily focused on the
area of videotext. Cox Cable Communications has
developed a cable-based videotext system called
INDAX (2, 3) short for INteractive DAta eXchange.
This system is a packet switched data communications
system, adapted for the CATY medium to implement the
control and delivery of a combination of video,
teletext, and transaction videotext services.

Two-way communication uses a multiple access
protocol called CSMA/CD. Forty data channels, each
300 KHz wide, are used in each direction. Data is
transmitted at a rate of 28 KB. Home terminal
units provide the functions of a normal converter
for delivery and control of video entertainment,
and implement the functions of data transmission
and reception, and display of this data in the form
of graphics and text on the customer's TV set. The
data modems are frequency agile, and can tune over
the entire forty data channels. Traffic modeling
indicates that INDAX could satisfy the videotext
demands of a typical 125,000 home city using only
three to six data channels.

Field operation has verified that a CATV net-
work provides an excellent medium for packet
switched data communication. The Bit Error Rate
(BER) of data is directly related to the modulation
technique used and to the carrier-to-noise ratio
(C/N) at the receiver input. In the CATV environ-
ment, the FCC requires that the video signal mea-
sured across a 4 MHz bandwidth shall not be less
than 38 dB C/N. Each INDAX data channel occupies a
300 KHz bandwidth, giving a 13 dB C/N improvement
over the 4 MHz video C/N. Experiments indicate a
10-8 Bit Error Rate (BER) with a C/N of 20 dB. In
order to meet FAA signal requirements, INDAXsignals
are carried 16 to 20 dB below normal video signal
levels, leaving more than 10 dB headroom. The up-
stream C/N ratio is much more difficult to project
because of the tree configuration creating the noise
funneling effect previously discussed. It has been
found that upstream signals should be carried at a
level approximately equal to that of the return
video level. Field measurements indicate that the
C/N of an upstream plant with 200 miles of active
cable is approximately 45 dB. Bridger switching
has been found to be necessary only to isolate a
branch in the event of catastrophic ingress. In
such a case the bridger switch would be opened only
for the leaky branch so service could be continued
to all other subscribers.

SWITCHED VOICE ON A CATV NETWORK

The most straightforward way to provide
switched voice (plain old telephone service) on a
CATV network would be to dedicate an upstream/down-
stream voice channel pair for each service unit.
Assuming 5 KHz voice signals and amplitude modula-
tion, a 20 KHz voice channel should provide adequate
channel isolation. A single 400 MHz coaxial cable
configured so that equal bandwidth is available in
each directijon would provide about 8500 voice cir-
cuits. Since the maximum number of homes passed by
a single trunk run is about 8000, residential
switched voice capability could conceivably be pro-
vided with a single cable network for an installed
outside plant cost of about $140 per service unit.

Current telephone systems take advantage of the
fact that individual telephone lines are used only
for a small fraction of time in any given time
interval to reduce the cost of switching by equip-
ping the switches to be able to connect onlya frac-
tion of the lines at any instant of time. These
same usage patterns can be used to reduce the band-



width required to deliver switched voice on a
coaxial cable network.

Residential telephone systems are engineered
to be able to handle a load of 3 CCS per line in
the peak busy hour {(CCS means "hundred call-
seconds"). That is, on the average, each line
will be busy for 300 seconds during this peak
hour. A CATY trunk serving the maximum of 8000
units must then carry a worst case load of 8000 x
3 €SS = 24,000 CCS per hour, or 24,000/3600 = 6.67
CCS per second. This would be the load if all
calls were evenly distributed over the hour. To
account for the fact that instantaneous peaks in
the load can occur, it is common, as a rule of
thumb, to multiply by two to find the peak instan-
taneous load. Thus, the maximum number of voice
circuits required to serve the load of 8000 service
units is 2 x 6.67 x 100 = 1334 circuits. At 20KHz
of bandwidth per circuit, about 27 MHz of bandwidth
in each direction of each CATV trunk would suffice.
This bandwidth is less than the equivalent of five
NTSC video channels in each direction.

Implied in this approach to delivering
switched voice service over a CATY network is that
electronic telephone sets having frequency agile
modems are used. One would expect that the signal-
ing required to establish connections would be done
on a separate signaling channel, perhaps using a
CSMA/CD protocol. The connection would be estab-
lished by assigning each telephone set to an up-
stream/downstream voice channel pair. Inter-trunk
or inter-hub switching would be accomplished by
frequency translation between cables. To the
author's knowledge such switching and modem tech-
nology for this approach to switched voice does
not exist. However, the technology developed for
the INDAX packet switched network is very similar,
indicating that such technology could be feasible.
The technology of cellular radio is also very
similar in concept to that proposed here, again
indicating feasibility.

Since bandwidth is relatively plentiful on a
coaxial cable medium, it may be interesting to
carry digital rather than analog voice as the over-
all system cost may be less. Using a form of DPCM
at perhaps 32 KB, digital voice channels should fit
quite comfortably into 60 KHz. In this case, three
times the bandwidth, or 81 MHz in each direction,

would be required for an end-to-end digital service.

It may also be interesting to explore the use of a
few high speed digital voice channels in conjunc-
tion with a TDMA protocol as a yet more optimal
system design.

Privacy of communications can be an issue in a
tree-and-branch system since the signals are avail-
able to every seryice unit. The opportunities for
monitoring all communications, are, therefore,
greater than in a conventional telephone system.
Such privacy concerns are as important for data
communications as they are for voice. Privacy is
relatively easy to ensure for signals in the digi-
tal domain using various encryption approaches.
Digitized voice, would of course, be amenable to
such techniques. If conserving bandwidth were an
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issue for voice communications an approach inwhich
voice is digitized, encrypted, and then converted
back to analog for transmission could be consid-
ered.

OPTICAL FIBER ALTERNATIVES

Optical fiber does not lend itself to usewith
a tree-and-branch topology because of the diffi-
culty of splitting and tapping signals. It ismore
appropriate for use in a "star" topology, in which
a fiber would be run between each service unit and
a central switching point. This star topology is
employed in current telephone systems in the local
loop plant.

In a star telecommunications system, each ser-
vice unit has the bandwidth available on a loop
(copper twisted pair or optical fiber) dedicated to
it. As discussed earlier, this loop is idle much
of the time. As a benchmark of comparison, the
tree-and-branch CATV system in Omaha uses about
1200 miles of coaxial cable to pass all 125,000
homes. Four hubs are required. A star approachto
wiring this city would require over 82,000 miles of
optical fiber (assuming bidirectional communication
on a single fiber) if fourteen hubs (switching
points) are used to keep the loop length to a maxi-
mum of 2 Km.

Outside plant costs for star systems using
copper twisted pairs are well known, averaging
about $400 per service unit. Local loop optical
fiber networks are not in commercial operation, so
only estimates can be made of their costs. Indica-
tions are that an optical fiber star local loop
network would not be less expensive in installed
costs, at least through 1990 (4, 5, 6), than
current copper twisted pairs.

Most of the current work on approaches to
using fiber optics in the local loop seem to
involve a hybrid topology which uses long runs of
multiplexed signals from central switching centers
to remote switches located within a few thousand
feet of service units. Dedicated fiber pairs are
then used from the remote switches to service
units. The most aggressive estimate known to this
author of future installed outside plant cost for
such an optical fiber hybrid is $350 per service
unit (6). The major cost justification for such a
system is proposed to be in reduced annual mainte-
nance costs. Such costs are estimated to be some
50% (6) to 80% (5) lower for optical fiber than
copper twisted pairs. Current copper twisted pair
maintenance costs are about $100 per service unit
per year (6).

An optical fiber local loop network using a
pure star topology would have sufficient bandwidth
from the service unit to central hub to offer all
contemplated services, including real time video-
on-demand and real time switched point-to-point
video. Certainly all broadcast type video and
audio services, as well as switched and dedicated
data services could be supported. However, a
hybrid optical fiber network would be capable of
supporting only limited video-on-demand and point-



to-point video services because of the bandwidth
limitations of the multiplexed run from the central
hub to the remote switches,

CONCLUSIONS

Optical fiber integrated wideband local loop
networks appear to have future outside plant
installed costs of about $350 per service unitwith
annual maintenance costs of about $50 per service
unit. Such networks could deliver all wideband
services; except video-on-demand and switched
point-to-point video services would be limited to
relatively low usage levels.

A single 400 MHz coaxial cable local loop net-
work could deliver virtually the same services as a
hybrid optical fiber network. Sufficient bandwidth
is available to deliver some forty channels of
video entertainment programming, switched voice,
switched data, and limited video-on-demand, switch-
ed point-to-point video, and dedicated channel
data. Current outside plant installed costs are
about $140 per service unit with annual maintenance
costs of about $5 per service unit. It should be
noted that equipment costs for such plant have been
falling, while labor costs have been rising. Labor
costs will rise independent of the medium, and on a
service unit basis should bear the same relative
relationship over time for the coaxial cable and
optical fiber media.

Thus, coaxial cable would appear to be a sig-
nificantly better investment than optical fiber for

FIGURE 1:
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not to
in a
currently

integrated wideband Tocal Toops. This is
say that optical fiber has no useful role
local distribution system. Indeed, it is
a more cost-effective medium than coaxial cable for
certain dedicated interconnect situations in CATV
systems. One would expect that other such niches
will be found for optical fibers and the future
will see a blending of it with coaxial cable as the
optimal solution in specific situations.
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CHARACTERISTICS AND PERCEPTIBILITY OF CROSS MODULATION

Rezin Pidgeon, Jr.

SCIENTIFIC-ATLANTA,

ABSTRACT

of a study to determine
the measure and perceptibility of
cross-modulation distortion in a CATV
system are presented. Subjective
tests evaluate the interference to
a television picture or test pattern
caused by one to 24 independent video-
modulated carriers. Design of the
test system enabled <cross modulation
to be measured and observed without
being obscured by triple-beat distor-
tions. Although cross modulation
is mnot a predominant factor, it is
of more concern in a phase-locked
system because of suppression of triple-
beat distortion.

Results

Cross modulation can result
in both AM and PM components. In
distribution amplifiers, the PM component
may be the larger of the two, particular-
ly at the higher cha il frequencies,
although generally only the AM component
is measured. In these tests, the
AM and PM distortion components are
measured separately and the relative
importance of each is shown.

INTRODUCTION

Cross modulation (crossmod)
is a type of distortion that was particu-
larly noticable in earlier CATV systems.
"windshield

It is characterized by the

wiper" effect or interference appearing
as frames or images slipping in the
TV picture. As advances were made

in amplifier performance and the number

of channels increased from 12 to 62
or more at present, triple-beat distor-
tion increased 1in relative importance.
For cross modulation the distortion
is closely proportional to the number
of channels, whereas for triple-beat
distortion, the effect increases rapidly
as the number of channels increases.
For wide-band systems, triple-beat
distortion is the major contributor

to the total distortion.
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INC.

To extend the performance of newer

wide-band systems phase locking came
into being. This technique reduces
triple-beat interference and enables

system operating levels to be increased
4 - 5dB. Thus, with phase locking the
relative importance of cross modulation
is increased.

This paper presents results of
experiments made to measure the amount
of cross modulation that is just percept-
able in a TV picture. Relatively little
data has been found on the subjective
measurement of cross modulation, partly
because of the difficulty in separating
other distortions from cross modulation
and observing only cross modulation.
The experiment described herein generates
cross modulation by direct video modula-
tion instead of by distortion in a cas-
cade of amplifiers. This enables cross
modulation to be controlled and observed
without other impairments.

The following sections review the
basic characteristics and measurement
of cross modulation. The experiment

is described and results are presented.

CROSS—-MODULATION ANALYSIS

Amplifier distortion has been treat-

ed extensively in the literature, and
distortion effects in CATV amplifiers
are well understood. However, to aid
in the discussions that follow a few

of the basic equations and definitions
are given in the following paragraphs.
This simplistic treatment is presented
to show the characteristics of cross
modulation and distinguish it from other
distortions, particularly those in which

modulation sidebands occur because of
modulation of carrier "beats".

If the amplifier nonlinearity is
expressed by the first three terms in
a power series [1], then

_ 2 3
€out " k1 €in * k2 €in * k3 €in ° (1)



The coefficients ki, k2 , and k3 are
the linear gain and second- and third-
order distortion coefficients, and are
real constants if we assume no phase
or frequency-dependent distortion*. The
input voltage is first assumed to consist
of three sinusoidal voltages or carriers

(2)

€. =

AcosW t + BcosW,t + CcosW _t.
in a b c

The distortion produced at carrier fre-

quency Wa is obtained by expanding (1)
and collecting all terms containing
Wa. Thus
2

€ (Wy) = (ky + 3/4 ky AT)A cosW t
2 2 (3)

+ 3/2 kg (B® + CT)A cosW_t.
The first term contains a distortion
term 3/4 k3A2 which represents self-
compression or self-expansion (depending

on the sign of k3). This term is identi-
cally the same whether or not other sig-
nals are present and can be neglected
since certainly the system must amplify
a single channel faithfully. The term
3/2 k3(B2 + C2 )AcosWat is the cross
modulation component. This shows that
for CW carriers the carrier at W is
compressed or expanded by carriers at
Wp and Wc regardless of their frequency.

Thus, cross modulation 1is TInherently
different in origin from distortion

caused by "beats" or mixing of carriers.

Only the linear and cross modula-
tion terms are given in (3). A complete
third-order expansion would give the
following terms: (1) a dc term, (2)
a linear term (desired component), (3)
cross modulation terms, and (4) harmonics

and '"beat-frequency" terms (sum and
difference frequencies including 2W,
+ Wp, Wa+ Wp + W¢, etc.). This latter

group is "the major cause of distortion
or interference to the TV picture.
Carrier systems that are not phase locked
are limited by carrier beats, primarily
composite triple beat, at higher operat-
ing levels. In phase-locked HRC systems
all video-carrier beats are coherent
with the picture carriers, and in this
case interference is caused by the modul-
ation present on each beat. This effect
may be called '"beat modulation'", and
is different in origin but similar in
appearance to cross modulation.

* A more rigorous treatment is obtained
by a Volterra series expansion [2].
With the power series expansion it is
assumed that the output signal depends
only on the input signal at the same
instant of time. The volterra series
expansion treats the case of frequency-
dependent nonlinear characteristics.
Similar results are obtained for cross
modulation except for changes in magni-
tude ard phase of the distortion components.
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The above equations are given for
CW (unmodulated) carriers, but also
apply for modulated carriers. The carrier
amplitudes A, B, and C can be video-
modulated amplitudes A(¢ ), B( ), and
Clg ). Rewriting equation (3), cross
modulation distortion is

2 2
XMOD = 3/2 k3(B (t) * C (t))A(t)cosWat(4)

Since cross modulation is porportional
to the amplitude of the interfered car-
rier A(¢) cross modulation will be larger
in the darker areas of the TV picture.
Note also that crossmod is pfoportional

t% the amplitude squared (B< ( t) or
Cs (¢)) of the interfering signals.

The above discussion relates to
amplitude cross modulation (amplitude
moduTation of the desired carrier).
Cross modulation can also appear as

phase cross modulation. Due to amplifier
phase shifts and nonlinearities, ampli-
tude modulation 1is converted to phase
cross modulation. In addition, at higher

frequencies the nonlinear transistor
junction capacities become significant
contributors to phase <crossmod [3].

The presence of both amplitude and phase
cross modulation has caused some confu-
sion in the measurement, specification,
and subjective effects of cross modula-
tion [4].

Phase modulation of the TV signal
becomes visible since phase crossmod
results in frequency modulation, and
FM is slope detected by the Nyquist
filter in the TV receiver [4]. Since
the instantaneous frequency is propor-
tional to the derivative of phase, light-
dark and dark-light transistions in
interferring TV pictures (particularly
leading and trailing edges of sync bars)
produce large frequency deviations and
will be seen as lines of interference.
Components above the Nyquist slope (more
than 600 KHz above the picture carrier)
are detected equally whether phase or
amplitude modulated.

CROSS—MODULATION MEASUREMENT

Cross modulation can be measured
by different techniques and under various
conditions. Equipment manufacturers
and system designers measure and specify
cross modulation by the familar '"NCTA
method"'. NCTA Standard 002-0267 ''CATV
Amplifier Distortion Characteristics"
[5? defines and specifies this measure-
ment. In this procedure all carriers
except the one in question are square-
wave modulated at the horizontal line
rate. The level of modulation impressed
on the observed carrier is then measured,
usually by tuning a spectrum analyzer
to the carrier, turning the IF sweep



off, and measuring the linearly-detected
envelope with a waveform analyzer tuned
to 15.75KHz.

Cross modulation 1s also measured
by measuring sideband levels with a
spectrum analyzer [6]. This technique
is useful for observing interference,
but results will correlate with the
NCTA measurement for only amplitude
modulation and if beats do not obscure
the 15KHz cross modulation sidebands.
Since for 100% square-wave modulation

the first sidebands are 10dB below the
peak level, the NCTA measurement 1is 10dB
greater than the 15KHz sideband level.
Note however, readings can be effected
by second- and third-order carrier beats.
For example, if the carrier being ob-
served is turned off, a cluster of beats
(if the carriers are not phase locked)
will be seen centered at the carrier
frequency. If all carriers are modulat-
ed, clusters of sidebands due to modula-
tion of individual beats will also be
observed. These beats add noise to
the carrier being measured (the carrier
is not modulated by the beats), but
the noise 1is TrTejected by mnarrow-band
filtering if a wave analyzer or synchnou-
ous demodulator is wused in the NCTA
procedure.

TEST SYSTEM

The subjective measurement of cross
modulation perceptibility is difficult
because of the presence of other distor-
tions. A method of observing picture
degradation in the presence of composite-
triple-beat noise and with or without
cross modulation has been reported [7].
This method allows crossmod to be elimi-
nated from the observed distortion,
and thus one can ascertain whether cross-
mod 1is a significant contributor to
the total distortion in a particular
system. However, crossmod cannot be
observed with complete freedom from
other distortions since they are gener-
ated by the same amplifier nonlineari-
ies. Therefore, a method of simulating
crossmod was devised and implemented.
Furthermore, with this method cross
modulation can be generated by either
AM or PM (or some of each). The proce-
dure is simply to add some interfering
modulation to a normal video-modulated
carrier and observe the result in the
TV picture. Independent video sources
are used to create the interference
and the measurement is then related
to crossmod as measured by the NCTA
procedure. Note that for the simulation

to be an accurate representation, equa-
tion (4) requires that the distortion
be porportional to (1) the amplitude
of the interfered carrier A( ), and
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(2) the amplitude squared of each inter-
ferring video source (B2 (g ), etc.).
The method for accomplishing this is
illustrated in Figures 1 and 2.

The video picture or test pattern
to be observed is connected to the video
IF modulator of a Scientific-Atlanta
6350 Television Modulator. The video
interfering signals are coupled to in-
dividual circuits which dc restore and
square each signal. The outputs of the
squaring circuits are then summed and
ac coupled to the modulation input of
an IC modulator. The RF input to the
modulator is a sample of the video-modu-
lated IF. The output of the modulator
is the form

2 2 2
AC) [B() + C°() + .. N () ]cosW, ct,

which is the proper representation for
cross - modulation distortion produced
by N channels. This signal is attenuat-
ed, phase shifted by the line stretcher,
and combined with the video-modulated
signal to be observed. The line stretch-
er is wused to adjust the phase of the
cross modulation relative to the undis-
torted IF so as to produce AM or PM cross
modulation. For amplitude crossmod,
the relative phase is 180° in order to
produce signal compression.

The IF modulated signal 1is then
processed by the vestigal sideband filter
and upconverted to channel 4. The com-

posite signal is then viewed on a TV
receiver. The amount of cross modulation
is attenuated and the measured cross
modulation is correlated with observer

reactions.
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TEST RESULTS

Cross modulation was measured
for interference against a test pattern
background. Observations were made
when using TV programming material,

but the large variations and movements
in actual scenes made it difficult to
determine the threshold for cross modula-
tion visibility. Since cross modulation
is most noticeable in a dark background,
a gray flat field of 7.5 - 10 IRE was
used in this experiment. The TV receiver
was a Panasonic CT9051, and was viewed
in dim lighting. The picture was clean
— the carrier-to-noise ratio was greater
than 55dB. These conditions 1lead to
a measurement much more sensitive than
would be obtained - if one could do
so - under actual field conditions with
live scenes and inherent noise and dis-
tortions.

Data is presented as a function
of the number of video sources: 1, 2,
4, 6, 12, 18, and 24. These were inde-
pendent sources; eight from local broad-
cast stations and sixteen from satellite
receivers. For each measurement, the
flat field was first viewed with strong
interference, and then the cross modula-
tion was reduced until it was barely
visible. The measurements thus obtained
were related to the NCTA measurement
by substituting a 1V peak-to-peak 15.75
KHz square wave for each video source
and measuring sideband levels on a spec-—
trum analyzer. Adding 10dB to the 15KHz
sideband levels gives the NCTA measure-
ment .

CROSS-MODULATION RATIO (dB)
i
]
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Figure 3.

133

The same procedure was used for both

amplitude and phase cross modulation.
Although the NCTA method is specifically
for AM, it 1is meaningful to express

phase cross modulation in the same terms
by converting the measured PM to the
equivalent AM. (For pure AM or low

mod. index PM, as is the case here,
one cannot distinguish between the two
from a spectrum analyzer display).
Thus, for phase cross modulation, the
15KHz sidebands were determined and

10dB added to give the equivalent NCTA
number.

Results of the experiment are shown
in Figure 3. For a single interfering
channel the data averaged -50dB for
AM and -43dB for PM. Cross modulation
from a window test pattern averaged
-51dB for AM and -44.5dB for PM. For
15.734KHz square-wave interference
(equivalent to 100% modulation) the
threshold was -59dB for AM and -52dB
for PM. Thus, 1007 square-wave modula-
tion was more discernable by 7 - 8dB.

As
increased
between
composite

the number of video

the difference in amplitude
square-wave sources and the

of the video waveforms in-
creased. For a large number of video
sources, the signals combine in a some-
what random manner resulting in substan-
tially lower peak energy than for syn-
chronous modulation. For 24 wvideo
sources, the measured cross modulation
threshold averaged -35dB for AM and
-26dB for PM. The difference between
100% synchronous square-wave modulation
and video modulation is 24dB in AM cross
modulation perceptibility.

sources
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The threshold level of cross modula-
tion derived in this experiment is high
compared to standards in general use
in the CATV industry. From the trend
of the data in Figure 3 we would expect
a present-day channel loading of 52-
62 channels to have a visibility thres-
hold of about -32 to -34dB in a picture
free of noise and other distortion.
It is generally agreed that triple-beat
distortion is just perceptible for a
CTB ratio of -46 to -48dB* in systems
not phase locked. For HRC phase-locked
systems operating levels can be increased
4 -~ 5dB, resulting in a CTB threshold
of approximately -38dB [9]. Thus, a
cross modulation threshold of -33dB
is 5dB higher than the CTB threshold.
Amplifier cross modulation ratios are
usually within a few dB of each other
at their worst channels. For example,
for the TRW CA5000 hybrid operating
at 46dBmV, 6dB tilt, and 52 channel
loading, the CTB is -67.6dB at 400 MHz
and cross modulation (predominately
AM) is -68.6dB at 54 MHz; CTB is higher
by 1dB [10]. Since these are both third-
order distortions the same difference
should exist at higher operating levels:
if the CTB ratio is increased to -38dB,
cross modulation should be -39dB. From
these numbers we conclude that triple-
beat distortion in a phase-locked system
is 6dB higher than cross modulation
distortion.

The fact that triple-beat distortion
is the predominant factor in phase-locked
systems as well has been demonstrated
and reported elsewhere [7]. We also
reached the same conclusion in a similar
experiment and also in other different
tests. The objective of this paper
was to quantify the measurement of AM
and PM cross modulation distortion so
its relative importance could be evalu-
ated and compared by others and in other
situations.

*This is the ratio that 1is measured
if video-modulated carriers that produce
just wvisible distortion are replaced

with CW carriers at the same peak level,
and the CTB ratio measured by the NCTA
method [8]. For CW beats the ratio
usually quoted varies from -51 to
-57dB.
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CLOSED CAPTIONING WITH THE LINE 21 SYSTEM

Sharon Earley

NATIONAL CAPTIONING INSTITUTE,

ABSTRACT

Closed captioning has enabled the hear-
ing impaired to enjoy television more fully
over the past three years. Although over-
the-air broadcasters have provided the bulk
of closed-captioned programs, the partici-
pation of the cable industry is both grow-
ing and promising. The Line 21 system, with
its proven transmission and reception
strengths, is an ideally suited caption
delivery system for cablecasters. The Line
21 signal passes intact over satellite and
cable. It can be recorded in three-quarter
and half-inch formats, and no special ac-
commodations are reguired to retransmit it.
Decoding devices, specifically designed for
cable, are currently available, as is a
system which enables a local operator to
caption 1ts own programming in a cost-
effective manner. The National Captioning
Institute sees the full participation of
cablecasters in the provision of closed
captions as an important step in increas-
ing the access of the hearing impaired to
television programming.

CLOSED-CAPTION SERVICE

For the past three decades, television
has been a primary medium of communica-
tion for most Americans. It has become our
major source of information about the world
and our principal source of entertainment.
But for many years, television's voice
remained distorted, muted or totally
silent for some 16 million Americans with
impaired hearing. The situation changed
in March, 1980, when the Public Broad-
casting Service and the ABC and NBC
television networks began broadcasting 16
hours of predominantly prime-time program-
ming with closed captions produced by the
National Captioning Institute, Inc. (NCI).

Closed captioning involves represent-
ing the sound track of television programs
in subtitles which are telecast as data in
the vertical blanking interval and are
visible only to those viewers whose sets
are equipped with special decoding devices.
While in theory closed captions can be
provided by any teletext system, only one,
currently known as the Line 21 system, is
actually in use and delivering captions
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INC.
nationally. At present, 300,000 viewers
across the country who use Line 21 Tele-
Captio decoding devices enjoy over 40

hours per week of predominantly prime-time
network programming. More than 200 major
advertisers caption their commercials and
support the costs of captioning television
specials and series.

Although the closed-caption service
began three years ago primarily as a
broadcast network service, it has expanded
into many other delivery systems --
satellite syndication, videocassette,
videodisk, local broadcast and cable.

DEVELOPMENTS IN CABLE

The cable industry's first involve-
ment in closed captioning was the delivery
of closed-captioned network programs to
subscribers. Since 1982, however, cable
support and involvement in the closed-
caption service has been active and
growing rapidly.

In early 1982 Showtime became the
first subscription service to offer its
own closed-captioned programming -- the
BIZARRE series. Shortly thereafter Show-
time added selected movies to its closed-
captioned fare. In mid 1982 Colormax Elec-
tronic Corporation began production of two
closed-caption decoding devices designed
specifically for the cable audience -- a
combination converter/Line 21 decoder, and
a Line 21 decoder module that attaches to
a cable converter. Such units and the
standard Sears (Sanyo) TeleCaption decoder
are being acquired by operators such as
Tampa Cable Television and American Cable
Systems, whose specific commitments to
provide closed~-caption decoders were made
in their franchise bids.

Cable subscribers can now obtain news
and features of special interest to the
hearing impaired via the KEYFAX National
Teletext Magazine, a service provided co-
operatively by NCI and KEYCOM Electronics
Publishing. Most recently, Tribune Cable
Communications, 1lnc., has agreed to pro-
vide funds to closed caption one movie
every month for hearing-impaired sub-
scribers. The first movie captioned under



this arrangement is POLTERGEIST, to appear
on Showtime in June, 1983. Other MSO's are
currently considering similar underwriting
arrangements to provide closed-caption
services for the benefit of their hearing-
impaired subscribers.

While such activities generate
enormous good will and demonstrate the
cable industry's commitment to serve all
facets of its market, they also make good
business sense. NCI research indicates
that while currently only 38% of all
decoder households subscribe to cable
television, 82% would subscribe to basic
cable services if closed-captioned cable
services were available. Under those
circumstances, 68% would subscribe to
pay cable compared to the 28% who currently
do so. Further, of those who do not own a
closed-caption decoder, approximately 78%
would rent one from a cable company.

CLOSED-CAPTION SYSTEM DEVELOPMENT

The Line 21 system was designed
specifically to provide closed captions to
the hearing impaired. For this reason,
fundamental to its specifications was
that it require little investment in
effort and hardware by the telecaster,
that it be sufficiently rugged to pass un-
modified through all television media, and
that it be inexpensive for the consumer to
access.

Development of the Line 21 closed-
captioning system was conducted by the PBS
Engineering Department with funds provided
by the U.S. Department of Health, Educa-
tion and Welfare (HEW). This work com-
menced in 1973 and was largely completed in
1979. The PES task had three major compo-
nents, each of which had to be completed
successfully before a closed-captioning
service could be implemented.

The first task was to evaluate the
technique of closed captioning as a mean-
ingful service for the hearing impaired. To
measure this, PBS established an experi-
mental closed-captioning capability and
conducted controlled testing with the
hearing-impaired community during 1974.
PBS obtained the cooperation of 12 member
stations across the country who demon-
strated closed-captioned television pro-
grams to the hearing-impaired viewers and
had them complete over 1,400 opinion forms.
Gallaudet College, the world's foremost
educational institution for the hearing
impaired, analyzed the completed question-
naires. The major findings were that 90%
of the audience said they could not have
understood the TV programs shown to them
had they not been captioned and 95%
said they would purchase special equipment
to receive closed captions.
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During this same period and on into
1975, PBS was studying the various techni-

cal hurdles it faced in developing an
approach to closed-captioned television.
By November, 1975, sufficient work had
been completed for PBS to file a petition
with the Federal Communications Commission
(FCC) requesting the allocation of Line 21
for the introduction of a closed-captioned
service. In December, 1976, the FCC ap-
proved such an allocation. With the FCC
approval obtained, PBS began fabrication
of the caption editing console which en-
ables caption preparation to be completed
efficiently, secured agreements from manu-
facturers to produce the encoder which
lays the Line 21 data stream into the
vertical interval and the first consumer
decoders -- a integrated 19" color
television set and the add-on decoder --
which Sears Roebuck agreed to retail.
Finally, the question of who would perform
the actual captioning service was answered
when the non-profit and private National
Captioning Institute was incorporated

in early 1979.

CAPTION CREATION AND ENCODING

NCI creates captions in three differ-
ent ways, depending upon the nature of
the program to be captioned. A recent ad-
vance in caption creation technology
known as real-time captioning enables vir-
tually every program type to be closed
captioned. The three methods employed by
NCI to caption, and a method available to
local program suppliers, are described
below.

Prerecorded Programming. NCI receives
a time-coded videocassette dub of the pro-
gram master and, if available, a script of
the program. A caption editor works with
the program in short sections, and com-
poses each caption. The editor determines
the caption content, its location on the
screen, and the times at which it will
appear and disappear. All of this data is
entered onto an 8" floppy disk via the
caption editing console, which has word
processing capability-to facilitate the
process. Once all captions for a program
have been prepared and entered, they are
played back over video and checked for
accuracy and gquality.

The captions on disk are transferred
to Line 21, Field 1 of the standard NTSC
video signal in the encoding process. To
encode captions a Simple Encoder, com-
prised basically of a microprocessor, a
time code reader and a floppy disk reader,
is utilized. Required inputs are SMPTE
time code and program video from the
master videotape. The microprocessor syn-
chronizes the serial caption data with the
time code and requests additional capticns



from the disk reader when the encoder
memory buffer is near depletion. The cap-
tion data is inserted into Line 21 of the
video.

TAPE ENCODING
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Prescripted Live Programs. Presiden-
tial addresses and other programs which
are broadcast live are often accurately
prescripted. With the cooperation of the
White House or producer, NCI obtains
the script in advance of broadcast. With-
out the benefit of video or audio, the
editor must break the text into captions.
These captions are entered onto the disk
without preset display and erase times.
As the live event occurs, the caption
editor manually recalls the captions from
the disk for display in sync with the
audio.

Due to the nature of these programs,
encoding must be done "live." The hard-
ware which enables live encoding is a
smart Encoder. This device is resident at
the program origination point and is cap-
able of inserting caption data on Line 21
of the video being fed through 1t. NCI
transmits the captions to the Smart En-
coder at 1200 baud rate, asynchronously,
over standard unconditioned telephone
lines.
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Live News and Events. For news and
other programs, scripts are not available
to NCI in advance of broadcast. Until last
year, such programs were uncaptionable. In
October, 1982, however, NCI began to em-
ploy its real-time captioning system on a
daily basis to caption ABC-TV's WORLD NEWS
TONIGHT. The system has been employed to
caption space shuttle launches and the
Academy Awards.

The trick to real-time captioning is
that captions must not only be transmitted
live, they must be created instantaneously.
To accomplish this, NCI has borrowed and
modified a technology employed by court
reporters to speed the translation of
machine shorthand to standard English.
Stenographic translation is the computer-
ized translation into real words and names
of a stenotypist's machine shorthand
"strokes" which are a phonetic representa-
tion of what the stenotypist hears.

NCI uses a stenographic translation
system developed by Translation Systems,
Inc., modified by TSI and NCI and known
as InstaText. The heart of InstaText is
its dictionary system, which translates
the stenotypist's strokes into real English.
The main dictionary is called the "univer-
sal" dictionary. This contains the many
thousands of words in common usage. The
universal dictionary is the permanent
facet of the dictionary system, though up-
dated and revised from time to time. Next
is the "personal" dictionary peculiar to
the individual stenotypist which contains
special abbreviations, used only by him or
her. The third dictionary to which the
computer will turn to "look up" a word is



the "dope sheet,” which contains entries
appropriate to a specific task, such as
the names and places likely to be mention-
ed in a given newscast.

In making translations, the computer
checks each of these dictionaries and
matches the stenographic outline entered
on the stenotype machine with the
corresponding English word or words. A
skilled stenotypist will achieve accurate
translation on better than 97% of all
entries.

As translation takes place, the text
is formatted into captions according to
parameters which can be set either by the
stenotypist or by an NCI editor operating
the main computer keyboard. These para-
meters can be set in real time so that
each line orword can be treated different-
ly, include line length, indentation,
upper or upper/lower case, and line justi-
fication for left, right, or center dis-
play and display rate.

The text must be then transmitted to
a display system. In the case of NCI,
that system is a Line 21 decoder via the
Line 21 Smart Encoder as described above.

Local Programming. Although NCI has
and will continue to caption programs
for local markets, a very cost-effective
system is available to local stations and
cablecasters with which to caption pro-
gramming they produce. This system util-
izes a Beston flectronic Data-Prompter
and an EEG Smart Encoder. The Data-Promp-
ter is an electronic word processor which
has a character-generated output that
can be fed directly to a standard prompter
monitor. As the text is being presented
to the talent, it can also be sent to the
Line 21 Smart Encoder, enabling closed
captions to be transmitted simultaneously
with the program.

KCMO-TV, the CBS affiliate in Kansas
City, is currently utilizing this system
to provide closed captions for its local
newscasts,k and many cable systems are
showing interest in the system for use
with their local access programs.
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LINE 21 TRANSMISSION AND RECORDING

Once Line 21 closed captions are in-
serted into video they require no special
accommodation by the broadcaster or cable-
caster. All that is required is that video
facilities be checked to insure that they
are passing Line 2], Field 1 intact. The
ease of retransmission is due to the rela-
tively low data rate of the Line 21 signal
which makes it very rugqged.

The Line 21 waveform conforms to the
standard Television Synchronizing Waveform
for Color Transmission given in Subpart E,
Part 73 of the FCC Rules and Regulations.
The composite data signal contained within
the active video portion of the line
period carries a clock run-in (data syn-
chronizing signal), and a start bit,
followed by 16 data bits. The instanta-
neous data rate is thirty-two times hori-
zontal line scanning frequency (32Fy) for
a nominal value of 0.5 mb/s. After allow-
ance for the duty cycle of the Line 21
signal, and start bits, an average data
transmission rate of 480 bits per second
is obtained which translates into 60
characters (7 bit ASC1l + 1 parity bit)
per second.

Just as Line 21 closed captions pass
without difficulty over existing trans-
mission modes -- over-the-air, cable and
satellite -- they are recordable in all
existing video formats, including 3/4-inch,
1/2-inch (Beta and VHS), and video disk.
When programming is transmitted on a 3/4-
inch format, however, it is important to
note that many 3/4-inch cassette machines
do not have framing (field differentiat-
ing) servo systems and will randomly lock
in the opposite field from a house refer-
ence sync. This will usually be the ad-
vanced vertical from a time base corrector
when it is connected to the playback
machine. As a result, Line 21, Field 1
information may flip to Field 2 on either
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see caption data on Line 21, Field
order to decode and display captions.
(The Sony BVU series, or its equivalent,
that employs a framing servo does have this
problem and can be used with a time base
corrector without exhibiting field rever-
sal providing the program was recorded

on a machine with a framing sexrvo.)

If a non-framing servo machine is used
for playback with no time base correction
and the signal that was recorded is at
proper IRE levels, then Line 21, Field 1
information recorded on the tape will re-
main unaltered during playback, allowing
captions to be decoded and displayed on
the home receiver.

LINE 21 AND TELETEXT

The FCC decision last month to pre-
serve Line 21 for closed captioning came
as welcome support to hearing-impaired
consumers who have made an investment
of over 30 million dollars in home de-
coding equipment to date. The open-market
approach to teletext standards, including
the ruling by the Commissioners that cable
television systems are not bound by the
must—-carry rule insofar as broadcast
teletext services are concerned, and the
adoption of incompatible teletext systems
by broadcasters and cablecasters alike,
will mean that for the foreseeable future
the Line 21 system will remain the only
national delivery system for program-re-
lated captions.

With the advent of teletext in the
United States, NCI recognizes the practi-
cality of making the Line 21 system
compatible with the various teletext

184

systems so that hearing-impaired
viewers who invest in teletext decoders
do not also need Line 21 decoders. To-
ward that end NCI.has been cooperating
with World Standard and NABTS teletext
equipment manufacturers to develop a
black box which can transcode Line 21
captions to either teletext format.
Such transcoders will enable captions
to pass as usual on Line 21 and to be
duplicated and transmitted simultaneously
in the appropriate teletext format.

In November of 1982 such transcoding
between Line 21 and World Standard
teletext was successfully demonstrated
in Washington, D.C. In March, 1983, a
transcoder was installed at WNET-TV
in New York with transcoded captions
transmitted by Manhattan Cable. An
NABTS transcoder is currently under
development in Canada and is expected
to be available this fall.

CONCLUSION

The Line 21 system for closed
captioning has become widely accepted
and utilized in the four years since it
made its debut, and its growth continues
at an exciting pace. Major support for
the system is arising from the cable in-
dustry. The creation, transmission
and reception of closed captions is
reliable, straightforward and proven.
For cable operators who wish to provide
this valuable service to the hearing
impaired, the Line 2l1-based system is
a cost-effective and trouble-free way
to do so. NCI has every expectation
that the growth of cable television across
the nation will lead to increasing access
to television for the hearing impaired.
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ABSTRACT

The cable television industry has not yet acknowledged the
practical impossibility of maintaining the 5 - 30 MHz cable
spectrum free of non-Gaussian noise. Modem manufac-
turers and data network architects either are unaware of
the ingressive beasts waiting to ambush innocent upstream
data, or naively view them as curable afflictions caused by
sloppy design, careless construction, and slothful main-
tenance. The cost of clean-up can be enormous and never-
ending. The time required to locate and repair causes of
ingress is likely to be intolerable for services like traffic
signal control that demand high reliability.
agile modems, exotic modulation schemes, and sophisti-
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cated error detection and correction firmware are expen-
sive, and inefficient. Perhaps the time is ripe for the fully
switched, star network topology. Whatever the solution,
some means must be devised for upstream transmission
that is not so vulnerable to ingress interference.

INTRODUCTION

The cable television industry appears to be on the verge of
plunging into the highly competitive interactive telecom-
munications business. The profit potential seems
enormously attractive. We already have communications
facilities in place, thanks to the FCC back in 1972 for
requiring "two-way capability". All we need, we think, is a
few modems, a computer of some sort, and a bit of
software, and we are in business.

Not so. I leave it to others to talk about the profit and
loss issues, and marketing research, and information banks
and software, and storage capacity. I want to talk about
the second part of the two-way capability, the part that
carries messages upstream. I want to alarm you enough to
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go out and challenge the system designers and the modem
suppliers; but, not enough to scare you away from this
exciting new frontier of telecommunications.

THE INGRESS PROBLEM

Do you have, or know anyone who does have, a working
upstream network actually providing enhanced services, in
..8 .

bit

error rate 99.95% (or more) of the time? If you say "yes",

addition to home security, producing better than 10

then I will ask you to prove it, because I am skeptical.
Suppose you use the upstream system for home security
alarm responses. Of course, you may incur some legal
liability if a house burns or is burglarized, or a panic
button fails to bring help. But, really, you may ask, how
great is the risk, and who will know, if part of your system
is down for the few hours or days required to track down
the source of ingress that destroyed the return response?

After all, you do have telephone dialers for backup.

On the other hand, suppose you are providing the linkage
for a computer controlled traffic system. At 5 o'clock one
afternoon, the return signals become unreadable because
of severe power line noise interference. After several
hours of searching, the trouble is identified, using bridger
switches, as caused by a corona discharge in a power
substation near the trunk cable. Unfortunately, there was
a corroded service drop connector on one feeder near the
power substation, and a loose cover plate on a tap on
another feeder. While hunting for the problem, traffic
became totally sparled at three major rush hour
intersections, because of the incorrect signals received by

the computer. That would not be so easy to indulge.

Or, suppose you were providing a high-speed, high-density
data link service, with packet switching. Down time for



maintenance or fault location could mean a disastrous
back-up in transmissions causing customers to look for a

more reliable communication service.

Why, you may ask, is the upstream transmission band

considered so hostile?

First, look at the electromagnetic spectrum in the 5 - 30
MHz band.
occupied by high powered transmitters, many of which

Seven international broadeasting bands are

shift from one band to another as the sky-wave "skip"
moves up and down through the band. When conditions are
right, signals broadcast from thousands of miles away
come in loud and clear on the upstream network. Citizen's
Band and amateur Radio transmissions are almost certain
to ve keyed "on" and "off" within a few yards of the cable

somewhere, some with considerable power.

These services occupy about 5.4 MHz, or about 22% of the
band.

exceptions, is allocated to Marine and aeronautical, fixed

The rest of the spectrum, with a very few

and mobile services, some of which are also high powered.

You may have a "closed system" that generates less than
20 uv/m at 10 feet at any location; but I assure you that is
not tight enough to prevent ingress. It does not help much
to claim that the distribution plant has been well and
carefully constructed, using RFI connectors and metal
gasketed housing covers, all properly torgued down, with
shrink tubes covering all splices and connectors, and no
kinks or cracks or "ripples" in the cable. The problem is in
the service drops, thousands of them, all over the system.
As fast as you find one corroded, or broken, or improperly

installed F-connector, two more bad ones show up.

The worst of it is that ingress interference may be caused
by leakage transfer impedance well below the levels that
would show up on the "cuckoo" or even the "Sniffer"
monopole.

Even if you spend the time and dedicate considerable man-
power to the job, constant vigilance is required to detect
and correct the ingress that never stops happening. I am
convinced that there is just no practical way to be
reasonably confident that the ingress monster will not pop

up at any minute and devour unprotected messages.
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SOLUTIONS

What to do about it? If you only use the upstream network
for status monitoring, ingress is merely an inconvenience.
If you use it for home security, you can always back it up
with digital dialers, as many operators are now doing.
(Parenthetically, one might ask what good is the cable
network if half the security subseribers are connected to
our friendly telephone competitor's network). If you use it
for two-way addressability and pay-per-view, the ingress
That
But unless you are serious about

monster may take a nip at your own bottom line.
could be a problem.
the
business, you probably need do little or nothing about

competing  for interactive telecommunications

ingress, except learn to live with it.

However, if you really want to go after the new revenue
potential for transmitting data, the first thing to do is talk
Don't let them
snow you with talk about how well their equipment works

to your modem and software suppliers.

at 20 dB carrier-to-noise ratio; they are talking about
thermal noise, and that is the least of your problems.
Don't worry about bit error rates, either. Practically any

8 ber under ideal conditions.

equipment will beat 10~
You need to find out what kind of error detection and
correction protocols are provided in the software. Is
either affirmative or negative acknowledgement required
before any message can be accepted? Can the modem
frequency be shifted to avoid an interfering carrier? If so,
is the frequency shift automatically provided in the
software? What is the tolerable ratio between the desired
carrier level and that of an undesired, interfering discrete
carrier? How much impulsive noise (from auto ignition or
electrical machinery) can be tolerated before the infor-

mation is lost?

I hope I am wrong, but I suspect you will get distressing
answers. They will tell you that such sophisticated
protocols are too expensive and unnecessary; they occupy
too much bandwidth, or waste too much time. They will
tell you how successfully their simple parity check polling
system works, here, there, and the other place. They may
even try to tell you that if you build your system "right",
and maintain it "properly", you can eliminate ingress

interference.



Actually, sophisticated protocols are expensive; they are
less efficient because they occupy more bandwidth; and it
does take time to acknowledge message receipt and
correct errors. One way out might be to transmit the data
at slow speed and narrow bandwidth; but what advantage
would narrow band transmissions on cable have over
ordinary telephone lines, except for security alarms, pay
per view, status monitoring, and other internal uses? New
revenues are most likely to be realized by offering
medium-and high-speed data transmission services, not

narrow band.

The most successful commercial data transmission services
on cable TV today are provided on special cable networks
mostly separate from the subseriber network. The institu-
tional network (I-Net), if properly used, could be a good
solution to the problem in some cases. However, users
should not be connected with braided cable and F-
connectors, and user terminals should be well-shielded and
Data channels should be
allocated to portions of the spectrum with a limited
identifiable the TV

channels, for example, with one main carrier and two

free of direct pickup ingress.

number of interfering carriers;
attenuated subcarriers are far more suitable than the 5-30
MHz band.

The I-Net does mot, however, solve the problem of
providing enhanced services to cable TV subseribers.
Several years ago, Jerrold put forth a system to convert
the 5-30 MHz carriers at the bridger to higher frequencies
for transmission to the headend on a second cable, inde-
pendent of the subscriber trunk. Perhaps this idea should
be resurrected, though I believe it should be modified so
that each bridger, or perhaps pair of bridgers, would
convert to a different channel. I suspect this would be a

better way to use the 500 MHz bandwidth capacity.

The code operated bridger switech (COS) is a successful
technique for disconnecting most sources of moise and
interference during the upstream transmission. However,
communication with a particular terminal would only be
possible for the brief interval during which the feeder was
Thus, all communication services would have
This
would be ideal for polling protocols, but would impose an

connected.
to be synchronized to the switching control cyecle.

intolerable restriction on other communications.
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THE STAR NETWORK

A much better long-range solution, in my judgment, at
least for new systems, is the star distribution network
topology. To old-timers, this is simply a fancy name for
the "switched system" promoted 10 or 15 years ago in
Britain by Rediffusion, Ltd. as "Dial-a-Program", and in
the U.S.